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A High Speed Level Recorder for Acoustic Measurements* 


E. C. WeENTE, E. H. BEDELL AND K. D. SWARTZEL, JR., Bell Telephone Laboratories 
(Received October 4, 1934) 


WO quite accurate means for recording rapid 
variations in sound intensity in a form 

suitable for visual inspection have been available 
for a number of years. One of these is the 
phonodeik,' or one of its variants, and the other 
is a combination of a microphone and an 
oscillograph. When properly designed these de- 
vices record the actual wave form of the sound. 
However, for many acoustic measurements, a 
knowledge of the wave form is of secondary 
interest, whereas it is important that one should 
be able to record rapidly varying mean intensities 
over a wide range of values. From a record of the 
wave form it is not easy to determine the 
intensity with any degree of accuracy for a range 
greater than twenty or thirty db, but in some 
types of acoustic measurements it is highly 
desirable that the record cover a range of at 
least sixty db. Recently several types of instru- 
ments have been built which record, on a 
logarithmic scale, the mean power of the elec- 
trical input.?:*»+ These instruments, like that 

*Presented before the Acoustical Society of America, 
May 4, 1933. 

'D. C. Miller, The Science of Musical Sounds, p. 78. 

*F. H. Best, Bell Syst. Tech. J. Jan. 1933. 

*L. Fenyo, T. F. T., Jan. 1933. 

‘Ballantine, J. Acous. Soc. Am. 5, 10 (1933). 
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described here, may be used to plot the intensity 
level in db as a continuous function of either 
time, frequency, or any other variable. The 
adaptability of such level recorders to acoustic 
measurements depends, among other factors, 
upon the range and accuracy of the logarithmic 
scale, and upon the effective speed of the re- 
cording mechanism. This recording speed is most 
conveniently expressed in terms of the rate, in db 
per second, at which the recorder is capable of 
following changes in the input power. 

The level recorder described here consists 
essentially of an amplifier and rectifier, the out- 
put current of which is held at a substantially 
constant value automatically by a change in the 
gain of the amplifier, following changes in input 
power. The gain is varied by means of motor 
driven slide wire potentiometers graduated in 
logarithmic steps, the gain settings of which are 
recorded. 

A schematic drawing of the recorder is shown 
in Fig. 1. Two potentiometers are provided in 
adjacent stages of the amplifier so that by means 
of a selective switch either or both may be con- 
nected in the amplifier circuit. The potentiome- 
ters have sixty contact blocks, thus providing 
sixty distinct steps in the gain adjustment. The 
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Fic. 1. Schematic drawing of level recorder. 


resistances between the various contacts are so 
graduated that each step produces the same 
number of decibels change in gain. In our 
measurements we have found two potentiometers 
particularly useful, one having a total range of 
sixty db, with steps of one db, and the other a 
range of thirty db, with steps of one-half db. A 
choice of either of the three ranges, thirty, sixty 
or ninety db, is thus immediately available for 
the ordinate scale. The greater ranges are more 
suitable for reverberation time or intensity range 
measurements, while the smaller, with corre- 
spondingly smaller steps are preferred where 
values of greater precision are desired. The 
potentiometers, however, are so constructed that 
they may be easily removed and replaced by 
others if other ranges are required. 

The paper used in the recorder is an inexpen- 
sive standard commercial product. {t consists of a 
colored paper with a white wax coating on one 
side, and the record is made by a stylus which 
scratches through the wax coating, thus pro- 
ducing a dark line on a white background. The 
records are permanent and may be photographed. 
Rectangular coordinates are obtained from the 
circular motion of the stylus by running the paper 
strip over a guide in the form of an arc, having a 
radius of curvature equal to the length of the 
stylus arm. This guide is placed slightly above a 
plane formed by the paper driving roller and a 
secondary guide, so that no constraint, other 
than the tension in the paper is required to hold 
it against the concave side of the guide. The 
width of the paper strip is 2} inches, of which 2 
inches are used for recording, so that the ordinate 
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scale is 15, 30, or 45 db per inch, depending upon 
which potentiometers are connected in the 
amplifier circuit. 

The potentiometer contacts and the recording 
stylus are moved back and forth by means of a 
magnetic clutch mechanism. Two mushroom 
shaped electromagnets are rotated about their 
common axes in opposite directions by a pair of 
bevel gears driven from a single pinion. Disk 
shaped armatures ride on the polar ends of these 
magnets. These armatures are fastened to a 
shaft which passes through the centers of the 
magnets. To this shaft are also attached the 
potentiometer contact and stylus arms, and a 
pair of limiting switches which short circuit the 
appropriate clutch winding when the contactor 
and recording stylus reach either extreme posi- 
tion. When one of the magnets is energized it 
carries its armature with it, and so rotates the 
shaft in one direction, while, if the other magnet 
is energized it rotates the shaft in the opposite 
direction. The armatures are at all times pressed 
lightly into contact with the polar ends of the 
magnets in order to get the maximum speed of 
operation. 

The potentiometer sliding contactors and the 
recording stylus are each carried on arms which 
are in the form of hollow truncated cones. This 
form was adopted in order to get the requisite 
strength with a low value of moment of inertia. 
The total moment of inertia of the moving 
system which carries these arms is less than 20 
g cm”. The stylus has a rounded steel point which 
is pressed down on the paper by a small cantilever 
spring with a force just sufficient to penetrate the 
wax coating. The wax coating provides a uniform 
resistance to the motion of the stylus, and so 
reduces the possibility of free oscillation by 
preventing over-travel of the potentiometer 
sliding contacts. 

The paper is moved, by means of rollers, 
through a train of gears, the speed reduction of 
which is adjustable. The possible paper speeds 
afforded by these gears varies from three inches 
per second to one-half inch per minute. The 
clutch pinion is driven through another similar 
train so that a choice of recording speeds is 
independently available. This recording speed, 
which for a level recorder such as described here, 
is simply the rate at which the amplifier gain can 
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Fic. 2. Electrical circuit of level recorder amplifier. 


be changed to follow changes in the input power, 
is proportional to the total range of the potenti- 
ometers being used. With the train of gears 
ordinarily employed and the ninety db ordinate 
scale, four recording speeds, differing by factors 


of two, from 70 db per second to 560 db per 


second are available. By means of other gear 
ratios and potentiometer ranges the range of 
recording speeds has been extended to from 4 db 
per second to 850 db per second. The higher 
speeds are necessary in determining the power 
variations in speech or music, or in measuring 
very short reverberation times,*® while the lower 
speeds are preferable when it is desired to 
average out the rapid variations in the input 
power. 

The electrical circuit of the recorder amplifier 
is shown in Fig. 2. The input transformer has a 
low impedance winding designed for use with a 
moving coil microphone, but a high impedance 
terminal is also provided. All of the amplifying 
tubes, except the fourth, which is a high gain 
screen grid type, are of a three element heater 
type selected for a low noise level. The motor 
driven gain control potentiometers form part of 
the coupling between the first and second and the 
second and third stages. Manually operated gain 
controls are also provided, one at the input of the 
amplifier, and others which can be used in place 
of either of the motor driven potentiometers. The 
greater part of the gain of the amplifier follows 





‘The application of this instrument to reverberation 
time measurements is discussed in another paper in this 
journal, 


the automatic gain controls. This fact requires 
that the noise introduced by the operation of the 
potentiometers shall be very low, but it also 
eliminates the necessity of having a large power 
capacity in the tubes ahead of the potentiome- 
ters. The noise introduced by the operation of the 
potentiometers is reduced by the use of con- 
densers having a very low direct-current leakage 
in the plate circuits of the tubes ahead of the 
potentiometers. The amplifier output is rectified 
by two pentode type tubes connected in a push- 
pull circuit. The recorder is operated entirely 
from a 60-cycle power line, the amplifier voltages 
being supplied from a power pack of conventional 
design. A small synchronous motor drives the 
gear trains for both the paper roller and the 
clutch pinion. 

In an earlier form of recorder of this same 
general type the control circuit included a high 
speed mechanical relay, which was later replaced 
by a circuit containing gas filled grid control (or 
thyratron) tubes. The rectifier and control circuit 
shown in Fig. 3, which is now used, has been 





Fic. 3. Simplified rectifier and control circuit. 
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Fic. 4. Curve obtained for a modulated 1000-cycle input voltage with the modulation frequency 
continuously increased. 


found to be highly satisfactory, and affords a 
convenient means of adjustment. L; and Le 
represent the magnetizing windings of the 
clutches. V; and V2 are rectifiers of the copper 
oxide type, conductive in the directions indicated 
by the arrow heads. When the current 72 is less 
than E;/R current will flow through Le, and 
when it is greater than (E2+E;)/R current will 
flow through L;. The clutches are so connected in 
the circuit that when current flows through Lz the 
potentiometer contacts are moved so as to in- 
crease the gain of the amplifier, whereas, when 
current flows through L; they are moved so as to 
reduce the gain. The range of the current 72, for 
which neither of the clutches is energized suff- 
ciently to move the contactors, can be controlled 
by adjustment of the voltage Es. With the 
apparatus as constructed this range can be 
reduced to zero, but if it is made much smaller 
than the change in gain of one step in the 
potentiometer setting the system will oscillate 
even though the input is constant. In practice 
this range is reduced to a point just short of the 
condition of instability. The inductance, L, and 
the condenser, C, are placed in the circuit as 
shown, to filter out partly the ripples in the 
rectified current, but the action of this filter 





must not be so effective as to level off variations 
in the power input that one may wish to record, 
The voltages for the control circuit are supplied 
from the same power pack as the amplifier 
voltages, rather than from batteries as shown in 
Fig. 3. 

A recorder to be used for recording rapid 
variations in powers, such as those of speech or 
music, should not only be capable of following 
rapidly varying levels when such variations are 
in one direction, i.e., continually increasing or 
decreasing, but it should also be capable of 
following rapid changes in the direction of such 
variation. It was for this reason that the moment 
of inertia of the moving system of the recorder 
was kept at a low value. In Fig. 4 is shown a 
record obtained when a modulated current of 
1000 cycles was applied to the recorder with the 
difference between the maximum and minimum 
values of the current equal to 3 db. This record, 
and some others to be shown, was taken witha 
single motor driven potentiometer, having a 
range of 40 db, in the amplifier circuit. The 
modulating frequency was increased continu- 
ously until the recorder was no longer able to 
follow the variations. This record shows that the 
recorder is capable of following fluctuations in 






DECIBELS 


Ww 


FIG. 


pov 
hur 
me! 
the 
fluc 





ich 








HIGH SPEED LEVEL RECORDER 





DECIBELS 
> 
° 
| 
ny 
af 
} 
' 
f 
| 


Fic. 5. Calibrations of the 30-, 60- and 90-db ranges in five 
db steps. 


power up to a value which lies beyond one 
hundred and fifty per second. In some measure- 
ments it is, of course, more desirable to average 
the power over a longer period of time, the rapid 
fluctuations being of no particular interest. For 
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obtaining such data the recorder may be operated 
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with the clutch pinion running at a lower speed. 

Calibrations of the three ranges available for 
the ordinate scale when the 30 db and 60 db 
potentiometers are used are shown in Fig. 5. In 
each case the input to the level recorder was 
progressively changed in steps of 5 db until the 
full range had been covered. The fact that po- 
tentiometers of the type used are accurate over 
a wide range of frequencies is illustrated by the 
three sets of calibrations given in Fig. 5. Those 
on the left-hand side were taken for an input 
voltage having a frequency of 20 cycles, those 
in the center with 1000 cycles, and those on the 
right for 17,000 cycles. 

In Fig. 6 some records of speech power are 
shown. The sentence, ‘Joe took father’s shoe 
bench out,’ which is used in transmission tests, 
was spoken into the microphone. The seven 
records shown are for the same speaker who 
repeated the sentence at approximately the same 
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Fic. 6. Level variations in speech at different recording speeds. 
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rate and with the same inflection. The recording 
speeds, in db per second, are given on the curves. 
The records taken at the higher speeds show how 
the recorder may be used to measure syllabic 
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Fic. 8. Decay of an undamped and damped tuning fork, and a record of street noise. 


power in speech, while those taken at the lower 
speeds give the power average over longer time 
intervals. Fig. 7 shows some curves similar to 
those of Fig. 6 except that the source of sound 
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Fic. 9. Loudspeaker and microphone response curves taken at different distances in the same room. 
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Fic. 10. Upper record: Output characteristic of heterodyne oscillator, and transmission character- 
istic of a 100—5500-cycle band-pass filter. Lower record: Harmonic resonance in an air column. 


was music from a piano. Both of the above groups 
of curves illustrate the action of the recorder as 
a recording volume indicator. 

The upper two curves of Fig. 8 show the decay 
in the emission of sound from a tuning fork. In 
the first case the fork was undamped and the 
curve shows a rate of decay of 0.57 db per second. 
In the second case the fork was damped by a 
felt pad between the prongs and the curve shows 
a damping of 4.0 db per second. The lower curve 
in Fig. 8 is a record of street noise taken with the 
paper running at a relatively low speed. 


The curves in Fig. 9 show how the recorder 
may be used in plotting response-frequency 
curves for loudspeakers or microphones. For the 
upper curve the microphone was placed about 
two feet from a loudspeaker in a room having a 
volume of about 10,000 cubic feet. The lower 
curve was obtained in the same room with the 
microphone about eight feet from the loud- 
speaker and shows the effect of the greater ratio 
of reverberant to direct sound in producing ir- 
regularities in the curve. An auxiliary stylus is 
provided for marking frequencies, or time, or 
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Fic. 11. Portions of superimposed records of orchestral 


other reference points on curves such as these, 
and those given in Fig. 10. 

The first curve on the upper record of Fig. 10 
is the combined frequency characteristic of the 
level recorder itself and of a heterodyne oscillator 
connected to it. This curve shows that the oscil- 
lator output and the level recorder amplifier 
are nearly enough uniform so that no corrections 
ordinarily need be made in response frequency 
taken with them. The 
curve on this record is the transmission frequency 
transmission line 


characteristics second 


characteristic of a which in- 
cludes a 100-cycle to 5500-cvcle band pass filter. 
The transmission characteristics of various types 
obtained 

The lower record in Fig. 10 is the 


of electrical circuits can be easily 
this manner 
transmission 
consisting of a three inch tube, about three feet 
long, 
loosely coupled to the two ends. 


characteristic of an acoustic line 
having a driving unit and a microphone 
The harmonic 
resonance in the tube is clearly shown. 

The two cur 11 are 
of a record of the intensity level of the music 
from the Philadelphia Orchestra, 
playing in the Academy of Music in Philadelphia, 
under the direction of Leopold Stokowski. This 
concert. 
The paper was then rerolled and a second record 


‘es shown in Fig. portions 


Svmphonv 


record was first taken during a matinee 


+ - 1] + _ > 4 * 
music played on successive davs. 


was taken, superimposed on the first, during an 


evening concert, with the same musical program, 












as mounted 











LEVEL 





HIGH SPEED 
given on the following day. The total range of 
the ordinate scale on these curves is 40 db, the 
recording speed was 240 db per second, and the 


time scale is approximately one foot per minute. 


These curves show that intensity changes of the 
order of 40 db may occur during relatively short 
passages of music, and for some selections, in- 
The 


portions of the records shown in Fig. 11 are in- 


tensity ranges of 75 db were measured. 
teresting from another standpoint, however. 
They show that the tempo of the music is main- 
tained quite accurately throughout a_ long 
concert, and also that the intensities are repro- 
duced within very narrow limits. This is par- 
ticularly noticeable in the lower curves of Fig. 11 
where the intensities of the two records seldom 
differ by more than one or two db, although 
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there are several abrupt changes of the order of 
20 db. In the upper curves of Fig. 11 the music 
ends just after the interval marked ‘‘A.’”’ The 
intensity level of the applause from the audience, 
which begins almost immediately after the end 
of the music is shown by the last portions of the 
upper curves. 

are illustrative of the 
many types of acoustic and electrical measure- 
ments for which the recorder is applicable. Fig. 
12 is a photograph of the complete recorder as 
it is mounted on a rack. The amplifier, the 
mechanical system, and the rectifier for the 
power supply, each occupy one of the three 
panels, and the panels are interconnected with 
plug-in cords so that the instrument is readily 
portable. 


The above records 
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Reverberation Time and Absorption Measurements with the High Speed Leve| 
Recorder 


E. H. BEDELL AND K. D. SwarTzEL, JR., Bell Telephone Laboratories 
(Received October 4, 1934) 


T has been common in reverberation theories 
to neglect the effect of the stationary wave 
pattern in a room and to assume a logarithmic 
decay of the sound energy. In many cases this 
assumption of a constant decay rate is not 
fulfilled, and in particular it is well known that 
the decay curves as obtained with available 
instruments, which indicate either the pressure 
or the velocity at a point in the sound field, 
show marked fluctuations in the decay rate. 
The rate of decay, in general, varies during the 
decay period; from point to point in the room; 
and may depend upon the position of the sound 
source, and the location of absorbing materials. 
Very rapid fluctuations in the decay rate have 
commonly been averaged out by the measuring 
apparatus itself, either by making the indicating 
instrument sluggish in its action, or by measuring 
the average intensity over finite time intervals 
during the decay period. The slower, and perhaps 
more important, deviations from linearity in the 
decay curves have been either reduced, or 
averaged out, by a number of expedients. Among 
these are the use of rotating sound reflectors, 
or vanes, to break up the stationary wave 
pattern in the room; the use of frequency 
modulated, or warble, tones in place of a constant 
single frequency; moving the microphone to a 
number of positions in the room; and moving 
the sound source. Hunt! has given some quanti- 
tative data on the effect of the warble tone, but 
similar data on other methods of smoothing out 
the decay curves are not available. This paper 
presents some data on the relative value of the 
above methods of improving the measured decay 
curves, and on the use of a motor driven rotating 
switch to connect in rapid sequence a number of 
microphones, placed in different parts of the 
room, into the measuring apparatus, for ob- 
taining on a single curve a space average of the 
time decay pattern. Since many of the deviations 
from linearity in the decay curves have a 
“‘period” of 30 db or more, we should expect 


1F, V. Hunt, J. Acous. Soc. Am. 5, 127 (1933). 


the accuracy of our values to be a function of the 
range through which the decay is measured, 
particularly when the range is not large compared 
to the period of the deviations. This effect js 
discussed for three values of the decay range, 
30, 60 and 90 db. 

The measurements discussed in this paper were 
made in a room having a volume of about 
9500 cu. ft. and a reverberation time, when 
empty, of approximately five seconds for fre- 
quencies from 500 to 2000 cycles. In order that 
the decay may be measured over a range as 
great as 90 db a high steady state intensity is 
necessary. This was provided by amplifying the 
oscillator output up to 60 watts, using an 
amplifier having an output power rating of 75 


watts. The loudspeaker system? used also has a * 


power handling capacity considerably in excess 
of 60 watts, with an efficiency of about 50 per- 
cent over the range of frequencies for which 
measurements were made. The loudspeakers 
also differed from conventional types in that, 
for frequencies above 300 cycles, the acoustic 
output was uniformly distributed over an angle 
of 60 degrees in one direction, and 120 degrees in 
the other. Below 300 cycles the speakers are 
essentially non-directional. We should expect 
this wider distribution to give a more nearly 
random distribution of energy in the room, 
and therefore perhaps a smoother decay curve, 
particularly at the higher frequencies where most 
loudspeakers become very directional. 

The oscillator was of the heterodyne type and 
was provided with a motor driven condenser for 
frequency modulation. The modulation was of 
approximately sine wave form, and when the 
warble tone was used, the warble band was ad- 
justed to +10 percent of the mid-frequency. 
The modulating condenser was driven at approxi- 
mately eight revolutions per second in all cases. 

The rotating vanes were made up of two 4 
footX8 foot corrugated sheet metal plates, 
reenforced with angle irons, and mounted at an 


2 E. C. Wente and A. L. Thuras, Elec. Eng., Jan. (1934). 
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angle of 60 degrees on opposite sides of a vertical 
shaft. When used, the vanes were driven about 

the vertical shaft at approximately 18 r.p.m. 

When not in use the vanes were kept as nearly 

as possible at the same position and orientation 

in the room. 

The microphones were of the moving coil 
type.’ Six of these were placed in the room and 
connected to the level recorder through a motor 
driven switch. When the six microphones were 
used in taking a single decay curve the switch 
was driven at a speed such that the microphones 
were connected in sequence to the level recorder, 
each for a period of 0.0033 second. The contacts 
on this switch are of silver to insure good elec- 
trical contact with low mechanical pressure. 
The electrical noise introduced by the operation 
of the switch was such that the range through 
which the decay could be measured was reduced 
by about 10 db as compared to the use of a 
single microphone. 

The level recorder used to plot the decay 
curves is described in another paper in this 
journal. For these measurements a selective 
switch and a set of anti-resonant circuits were 
incorporated in one of the interstage couplings 
of the level recorder amplifier, to provide some 
discrimination against noise. The normal re- 
sponse frequency characteristic of the recorder, 
and the characteristics with the various anti- 
resonant circuits employed, are shown in Fig. 1. 
These tuned circuits give, on the average, a 
discrimination of about 20 db at an octave off 
resonance, but do not attenuate the first few 
side bands of a warble tone more than a few db. 
It will be noted that the first two circuits are 
tuned at 75 and 140 cycles, rather than the 
customary 62.5 and 125 cycles. This was done 
to provide some discrimination against inter- 
ference from nearby 60 cycle electrical lines and 
equipment, which limited the range which could 
be used at 62.5 and 125 cycles to about 75 db. 
The damping of the anti-resonant circuits was 
not determined exactly, but in every case it is 
greater than 560 db per second, as shown by the 
fact that when the input to the recorder was 
interrupted, the maximum rate of decay was 
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Fic. 1. Response frequency characteristic of level recorder 
alone and with various anti-resonant circuits. 


registered. No differences in reverberation time, 
greater than could be ascribed to experimental 
variation, were detected when measurements 
were made, over a 60 db range, with and without 
the tuned circuits. 

With the apparatus as described decay curves 
covering the full 90 db range were obtained at 
all frequencies, and at some of the higher fre- 
quencies, where the interference from noise was 
less, measurements were made over a range in 
excess of 115 db. With equally good loud- 
speakers and amplifiers, we believe this range 
could be covered by any of the better methods 
of measuring reverberation time, but we prefer 
the level recorder to other methods that we have 
used for plotting sound decay curves for reasons 
other than the intensity range covered. The first 
of these is that a continuous curve is obtained, 
rather than a series of points separated by 
definite intensity, or time, intervals; and the 
second, the comparatively great rapidity of 
measurement, which results from the fact that a 
complete decay curve is obtained for every 
interruption of the test tone. 

Some examples of decay curves obtained are 
shown in Fig. 2. The first group of these were 
taken under identical conditions, except that the 
rate of response of the level recorder was 
changed, in steps differing by a factor of 2, 
from 560 db per second for the first curve, to 
70 db per second for the last. A single micro- 
phone and a pure tone of 500 cycles were em- 
ployed and the vanes were not in rotation. 
These curves show that, as measured with a 
pressure indicating instrument, even though the 
general trend of the decay may be very nearly 
linear, very rapid fluctuations having an ampli- 
tude of the order of 25 db are present. It is 
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Fic. 2. Decay of sound in a room for different conditions and decay of output of a heater type vacuum tube 
when the voltage is removed from the heater. 


probable that the amplitude of these fluctuations 
would be even greater if a higher recorder speed 
were available, since the amplitude is approxi- 
mately doubled when the recorder speed is 
changed from 280 to 560 db per second. That 
these rapid fluctuations exist in the decay curve, 
and are in no way introduced by the apparatus is 
shown by the two curves in the lower line of 
Fig. 2. These are two curves of the decrease in 
output of a heater type vacuum tube, when the 
voltage is removed from the heater, the level 
recorder being adjusted to follow changes at the 
rate of 70 db per second in the first case, and at 
560 db per second in the second. The four curves 
in the center group of Fig. 2 were all taken at 
560 db per second and for a frequency of 250 
cycles. The first was taken with a pure tone, 
and the second, third and fourth, respectively, 
show that these rapid fluctuations are practically 
unaffected by the use of a warble tone, rotating 
vanes, or a number of microphones; and that if 
a really smooth decay curve is to be obtained 
they must be averaged out by the measuring 
apparatus itself. It is a question of judgment 
how far we should go in smoothing out the decay 
curves by this method. Most of our data were 
taken with the level recorder adjusted to follow 
changes at the rate of 140 db per second, about 
ten times the rate of decay in the room. 

It is interesting to note that in no case were 
double slope decay curves obtained in the room 
used for these measurements for frequencies 


above 250 cycles, even though, as noted above, 
the decay was in some cases traced over the ex- 
tended range of 115 db. The fact that the decay 
curves for the higher frequencies remain essen- 
tially linear throughout this range, either with 
or without a sample of absorbing material in the 
room, may be due in some measure to the wide 
distribution of energy by the loudspeakers. It 
may be noted, however, that the room used 
here has a considerably greater rate of decay, 
with the absorption fairly well distributed over 
the wall surfaces, than that at the Bureau of 
Standards for which Chrisler reports some devia- 
tion from linearity in the decay curves when a 
sample of absorbing material is present. At fre- 
quencies of 250 cycles and below, double slope 
decay curves were not uncommon, particularly 
at 140 cycles where nearly forty percent of the 
150 curves measured showed this effect. The 
point of intersection of the straight lines fitted 
to the two portions of these curves seems to 
fall with about equal probability at any level 
from 20 to 70 db below the steady state level. 
If the change in slope occurs outside of these 
limits the curve is not definitely classed as of 
the two slope type, because of the inherently 
large deviations from linearity at this low fre- 
quency. When the decay at 140 cycles was 
measured with a single microphone and a pure 
tone, approximately 90 percent of the curves 
obtained had two distinct slopes. When either a 
warble tone or the vanes were used this figure 
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was reduced to about 50 percent, and when 
both were employed a further reduction to about 
30 percent was made. When six microphones 
were used in plotting a decay curve, the double 
slope effect was obtained in about 30 percent 
of the cases, regardless of whether the warble 
tone and vanes were used, either alone or in 
combination. In most cases the slopes of the 
first part of the two slope curves give a rate of 
decay definitely faster than that obtained from 
the linear curves for the same room condition. 
The rates for the second portions of the two 
slope curves varied over wide limits. In some 
cases the rate of decay, in db per second, was 
only one-tenth of that given by the linear curves. 
The fact that the decay rate remains sub- 
stantially constant during the decay period for 
the higher frequencies, but not for the lower, 
would seem to indicate that the change in slope 
of the decay curve is due to the possibility that 
the decay may follow one of the characteristic 
modes of the room,’ and not to any lack of 
uniformity in the distribution of absorption on 
the surfaces of the room. 

An example of a two slope curve, together with 
a typical linear curve at the same frequency, 
140 cycles, is shown by the upper pair of curves 
in Fig. 3. This particular curve which covers a 
total range of only 75 db, was taken with a 
warble tone, and shows a large difference in the 
two rates of decay, 48 and 8.7 db per second. 
The adjacent linear curve taken under the same 
conditions except with a different microphone 
position shows a decay rate of 38 db per second. 

The remaining curves in Fig. 3 were obtained 
by six repeated measurements with the same 
room condition, at a frequency of 250 cycles, 
and it may be seen that they are similar in the 
detailed variations from linearity; and a meas- 
urement of the slopes of the straight lines of best 
fit, as determined by inspection, for repeated 
curves such as these shows that the slopes agree 
as well as repeated determinations of the slope 
of a single curve. We do not consider it necessary 
therefore to take more than a single decay 
curve for any one set of conditions. 

The upper group of three curves in Fig. 4 were 
taken at 500 cycles, and with identical room 
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conditions. The three curves show the decay 
over ranges of 30, 60 and 90 db, the recorder 
speed being 95, 95 and 140 db per second, 
respectively. This group of curves clearly shows 
the greater ease of fitting a straight line to the 
time-decay pattern when the range is increased, 
even though, as in this case, the fluctuations are 
smoothed out to a somewhat greater extent by a 
slower recording speed when the smaller ranges 
are used. The second group of curves are similar 
to the first except that a different loudspeaker 
position was used. This group shows that even 
though a straight line may be fitted to the 30 
or 60 db curves with some degree of certainty, 
yet the slope as read from the shorter ranges may 
differ considerably from that determined from 
the 90 db curve. 

The third group of curves in Fig. 4 are typical 
of those made over a decay range of 115 db. 
The first two were taken at 500 cycles with a 
warble tone. The second curve was taken immedi- 
ately after the first with the gain in the amplifier 
increased 35 db, so that the intensity scale 
begins and ends at 35 db lower levels than for 
the first curve. The total range represented by 
this pair of curves is therefore 125 db. This is an 
energy ratio of 3X10", and it is remarkable that 
the decay remains so nearly linear throughout 
this great range. The third and fourth curves of 
this group were taken in the same way as the 
first and second, with a warble tone of 2000 
cycles, the amplifier gain being increased 35 db 
as before. 

In order to compare the deviations of our 
results as affected by the range through which 
measurements were made, the use of a warble 
tone, rotating vanes, etc., the decay curves were 
taken in groups of six. The slopes of the straight 
lines of best fit to the curves, as determined by 
inspection, were then measured, in db per second. 
The average slope for the six curves was calcu- 
lated, and the average deviation of the slope of a 
single curve from the average slope of the six 
curves was determined, and expressed in per- 
cent. The mean value of these average deviations, 
for the five frequencies from 250 to 4000 cycles, 
was then determined, and comparisons are based 
on these mean values. The two lower frequencies 
of 75 and 140 cycles were omitted here because 
the deviations at these frequencies are inherently 
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Fic. 3. Upper record: Decay of a modulated 140 cycle tone at different positions in a room. 
Lower record: Repeated curves of the decay of a 250 cycle tone. 


DECIBELS 


DECIBELS 








Fic. 4. Sound decay curves traced over different intensity ranges. 


so much greater that they deserve separate con- 
sideration. Some of the values of the mean 
average deviations are given in Table I, each 
figure being based on 30 decay curves for the 
condition indicated. These data show that for all 
conditions where measurements for the three 
ranges, 30, 60 and 90 db, were made, the mean 
average deviations are very nearly inversely 
proportional to the range through which the 
decay is measured. The importance of tracing 
the decay curves through a wide range is obvious, 
and all our subsequent data are based on curves 
taken with the 90 db range. 

The mean average deviations for the curves 
obtained with a single microphone indicate that 
it is important that measurements be made for 
several microphone positions, since in this case 
the variations in slope of the decay curves are 
considerable from point to point in the room. 
When both the rotating vanes and a warble tone 





are used in taking decay curves with a single 
microphone, it is not so important that the 
microphone be moved, since in this case the 
deviations are reduced to a value comparable to 
that obtained when the groups of six decay 
curves are taken with a fixed microphone 
position, and the loudspeaker is interrupted at 
random phases of the warble cycle and vane 
position. This random phase effect is, of course, 
inherent in all curves taken with either a warble 
tone, the rotating vanes, or six microphones, 
since the loudspeaker is interrupted by a manu- 
ally operated key. 

The mean average deviations given in the last 
two lines of Table I give some indication of the 
accuracy with which a straight line can be fitted 
to the decay curves by inspection. In view of the 
small deviations shown, particularly for the 90 db 
range, we do not believe any curve fitting 
process, not extremely rapid in application, 1s 
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justifiable in practice. We believe more accurate 
reverberation time and absorption values will be 
obtained by using the time involved to take a 
greater number of decay curves, varying either 
the microphone or loudspeaker position or with 
random phases of warble or vanes. 

In Table II some mean average deviations, in 
percent as before, are given for other conditions 
of measurement. These are all based on curves 
covering a 90 db range. The values given in 
the first group show that when either a warble 
tone or the rotating vanes are used alone, the 
rate of decay varies from point to point in the 
room to a greater extent than can be accounted 
for by the random phase effect, though the varia- 
tion with microphone position is reduced to 
about one-half of that shown when neither the 
vanes nor warble are used. When the rotating 
switch and six microphones in six different 
groups of positions are used, the variation in 
measured decay rate is reduced to a value less 
than that for a single microphone, although even 
in this case the deviation cannot be accounted 
for by the random phase effect unless both the 
warble tone and the rotating vanes are also 
used. The variations in the measured decay 
rates as the speaker is moved and the micro- 
phone position kept fixed are of the same order 
of magnitude as before. In this case, however, 
the deviations are not reduced to the limiting 
value of 1.1 or 1.2 percent, established by the 
random phase effect, unless the warble tone, 

















TABLE I. 
Range in db 
30 60 90 
Microphone in 6 positions 13.3 6.1 4.2 
Microphone in 6 positions with Vand W 4.1 2.1 1.1 
6random phases of V and W 46 t9 12 
6 determinations of slope 54 16 G7 
6 determinations of slope with V and W 1.4 0.6 0.5 
TABLE II. 
V WV+W 
Single microphone, 6 positions 42°39 Zi. i 
6 microphones, 6 group positions at LS te 
Single microphone, 6 speaker positions 3.9 2.7 2.4 2.1 
6 microphones, 6 speaker positions ao it V6. 
Single microphone, 6random phases 0.7 1.2 1.1 1.2 
6 microphones, 6 random phases Ss 1A 23 12 
6 vane positions 2.0 1.6 
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the rotating vanes, and the six microphones, are 
all three used; otherwise the rate of decay should 
be measured for a number of loudspeaker 


_positions in order to reduce the deviations to a 


satisfactorily low value. 

The last three rows in Table II show the devia- 
tions introduced by the random phase effect, the 
figure 0.7 being the same as previously given for 
six measurements of a single curve, indicating 
that when a single microphone and neither vanes 
nor warble are used, the curves are repeated as 
accurately as they can be measured. The devia- 
tions introduced by interrupting the speaker at 
random phases is seen to remain between 1.1 and 
1.4 percent, whether the variable is warble, 
vanes, rotating switch with six microphones, or 
any combination of the above. Since the ro- 
tating vanes used for these tests are mounted on 
casters, the effect of vane position on the 
measured decay rate was determined for both 
pure and warble tones. The variation is seen to 
be small, though somewhat larger than is to be 
accounted for by cutting off the loudspeaker at 
random phase of vane or vane and warble 
cycle. 

In regard to the actual values of reverberation 
time, or rates of decay, as measured under the 
various conditions: we find that the value given 
by a single curve taken with a group of six 
microphones, is, within the limits of experi- 
mental error, equal to the average value of the 
six curves taken with the microphones indi- 
vidually; also that the values obtained with 
pure and warble tones agree within these limits, 
as do those obtained with and without the ro- 
tating vanes. 

In order to calculate absorption coefficients 
from measured decay curves, if we express the 
surface absorption in the room as a function of 
the rate of decay, 6, in db per second, rather 
than in terms of 7, the reverberation time in 
seconds, and consider the room as “‘live,’> we 
have 

A =0.049 V6/60—17.4mV, (1) 


where A is the total surface absorption in square 
feet, V is the volume of the room in cubic feet, 
and m is the attenuation constant of sound in 


5C, F. Eyring, J. Acous. Soc, Am, 1, 217 (1930). 
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air,’ expressed in db per foot. If we let sub- 
scripts 1 refer to the empty room and 2 to the 
room with a sample of absorbing material 
present, we have for the absorption due to the 
material 


The term 17.4m V does not appear in the above 
equation and so need not be determined, pro- 
vided only that the conditions of temperature 
and humidity do not change between the empty 
room measurements and those with the absorbing 
material present. This condition is ordinarily 
checked by measuring 6; and 62 in immediate 
sequence. 

In many of our measurements we find that 
with highly absorbent samples and necessary 
apparatus in the sound chamber the rate of 
decay is such that the room cannot be con- 
sidered “‘live’’ without introducing an appreciable 
error in the coefficient as determined from (2). 
We therefore calculate the absorption coefficients 
as follows: 

We take as the general reverberation equation 


T =0.049V/[—S log. (1—a)+17.4mV], (3) 


where S is the surface area of the room in square 
feet, and a is the average absorption coefficient 
for the surfaces of the room. If we rewrite (3) in 
terms of 6 we have 


6V. O. Knudsen, J. Acous. Soc. Am. 3, 126 (1931); 5, 
112 (1933). 
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—S log (1—a@) =0.049V6/60—17.4mV (4) 


and solving for the total absorption in the 
room, 


- fi — 0.049 V6 
a= —exp| ————-———_} |. (65 
S 60S ) 6) 


Using subscripts 1 and 2 as above, we have for 
the absorption introduced by the sample 


17.4mV 
S(a2— a1) ——— 


— 0.049 V6, — (0.049 V6. 
exp — exp. ( 
60S 60S | “ 


In (6) the term involving the attenuation con- 
stant, m, does not drop out as in the live room 
formula where the absorption is taken as a 
linear function of 6, so that the losses due to 
the attenuation in the air cannot be neglected, 
even though they may be constant during the 
decay measurements both for the empty room 
and for the room with a sample of absorbing 
material present. It may be pointed out, how- 
ever, that if the room is ‘‘dead’’ because of 
volume absorption and not by virtue of surface 
absorption, then the live room formula, Eq. (2), 
is as valid as though there were no volume 
absorption and the room were live. This follows 
from the assumption of continuous absorption 
which is made in deriving the live room formula 
and which is fulfilled for the case of volume 
absorption. 
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Scales for Sound Measurements Used in Machinery Noise Reduction 


E. J. Appott, Research Physicist, University of Michigan 
(Received June 2, 1934) 


OR the past decade, sound measurements 


have been used continuously in the Physics 
Laboratories of The University of Michigan on 
problems of machinery noise inspection and 
machinery noise reduction undertaken through 
the Department of Engineering Research of the 
University for various industrial concerns. The 
yalue of measurement in this type of work has 
been fully demonstrated; problems which are 
quite hopeless of solution by ear listening can 
be attacked with logic and assurance with the 
aid of sound measurements. This work has 
brought us into contact with a large number of 
engineers and executives who had noise problems, 
but whose primary interest was not in acoustics. 
Among these men the use of sound measurement 
does not enjoy the popularity and confidence it 
deserves, largely, it appears, on account of 
dificulties in understanding and interpreting 
such data. 

The principal difficulty is that larger numbers 
often do not represent louder sounds. The decibel 
seems mysterious enough at best, but after an 
engineer has been told that 50 db at 1000 cycles 
is louder than 60 db at 100 cycles because the 
ear is more sensitive to the higher frequency, and 
then he is told that 50 db at 100 cycles is louder 
than 60 db at 1000 cycles because the loudness of 
low-pitched sounds increases more rapidly than 
higher pitched ones, and finally that 50 db at 100 
cycles is louder than 60 db at 100 cycles, he is 
convinced that acousticians do not know what 
they are talking about, and it does not help 
him much to be told that the first comparison 
was made in sound pressure levels, the second 
in sensation levels, and the third was caused by 
different reference levels. It 7s hard to explain 
why decibels apparently have different values in 
different places, and why 60 of them are not more 
than 50, and why we use them to measure loud- 
ness, if larger numbers do not represent louder 
sounds. 

The fundamental difficulty seems to be that 
there are at least eight scales in general use tor 
expressing the magnitude of a sound, and five 


of them are decibels scales. It is all too common 
practice to simply label the ordinate ‘‘db’’ and 
to leave the reader to guess just what was 
measured. 

This would appear to be a situation for stand- 
ardization committees. Such committees have 
been appointed, and have done valuable work. 
Terms have been defined! so that for the first 
time we can all use the same words for the same 
concepts, a cause of much past confusion, and 
reference levels and loudness contours have been 
specified. These standards will be of great value, 
and are highly commended. Unfortunately, 
however, they do not remove the chief source of 
confusion, namely, the multiplicity of scales. 
This statement should in nowise be construed as 
a criticism of the committees. There are good 
reasons why workers have used the various 
scales, and the committee could hardly do less 
than to recognize and define them. After all, the 
primary purpose of such a committee is to 
define and clarify concepts, and to assign names 
to these concepts. It is hardly the work of the 
committee to decide what concepts will be used 
in dealing with various problems. Hence, as Dr. 
Fletcher so ably pointed out in the discussion of 
this paper at the New York meeting, the reduc- 
tion in the number of scales used is hardly to be 
decided by committee, but must be worked out 
in practice. 

The author fully concurs in this opinion, and it 
is not my purpose to review the valuable work of 
the committees, nor to discuss their definitions 
or selection of names. Rather, I propose to accept 
all this material as given, and to discuss the 
application of the concepts to practical problems. 
For example, it is not my purpose to discuss the 
desirability of using the word “‘intensity’’ to 
represent the quantity ‘‘sound energy flux den- 


‘Report of Committee on Acoustical Standardization, 
Acoustical Society of America, J. Acous. Soc. Am. 2, 311 
(1931). 

2 Proposed Standards for Noise Measurement, Report of 
American Standards Association Committee on Acoustical 
Measurements and Terminology. J. Acous. Soc. Am. 5, 
109 (1933). 
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sity,’ but rather to consider the value of this 
quantity as a means of expressing noise measure- 
ments taken with a condenser or dynamic 
microphone. 

As far as I am aware, no one has published a 
list of the advantages and disadvantages of the 
various scales for expressing the magnitude of 
sounds, and it is the purpose of this paper to 
make such a tabulation, and also to outline some 
of the problems which arise in the interpretation 
of sound measurements in practical work, es- 
pecially machinery noise reduction. 


A TypicAL MACHINERY NOISE PROBLEM 


In order to have something definite on which 
to base discussion, consider a problem similar to 
one on which the author worked recently. Fig. 1 


TRANSFORMER 1 TRANSFORMER 2 





Fic. 1. Layout of a pair of power transformers. This 
typical problem is used as an example for considering noise 
ratings. 


illustrates two large power transformers, perhaps 
12 or 15 ft. in diameter and approximately the 
same height, which are located in a field some 
distance from any buildings. The problem is to 
determine noise ratings for these transformers. 


Wave pattern 


Suppose that, among other places, we take 
measurements along the line A—B, midway be- 
tween the two transformers, and perpendicular 
to their line of centers. Measurements of sound 
pressure are taken with a suitably calibrated 
condenser microphone and amplifier. An an- 
alyzer circuit is also used, so that, for the mo- 
ment, measurements are made only on the 120 
cycle component of the sound. This paper deals 
only with sound pressure measurements, as this 
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is the quantity measured in the work at oy 
laboratory. The problem is similar in nature and 
fully as complicated for velocity or other types 
of measurement. 

If the microphone is moved along the line 
A-B, it is found that the sound pressure varies 
from point to point by a factor of 10 or 15 to 4 
(20-23 db). These variations are not sinusoidal 
in space, but are very irregularly spaced. No 
two peaks or valleys are the same magnitude, nor 
is there a definite spacing between them. The 
largest reading is usually not obtained at the 
point C, and the readings are not symmetrical 
about this point. Ordinarily, readings at any 
particular point can be repeated within a fraction 
of a decibel. The extreme irregularity of the pres- 
sure distribution is conclusive evidence that the 
sound does not consist of free plane or spherical 
waves; in other words, the problem is one char- 
acterized by sound interference. This paper 
deals particularly with sounds with interference; 
this is the only kind of sounds we have encoun- 
tered in the neighborhood of machinery. 

In order to obtain a noise rating for these 
transformers, it is necessary to average out this 
wave pattern. For example, this can be done by 
averaging the readings taken at 2 or 3 ft. intervals 
along the line A—B. An estimate of the accuracy 
of this average can be obtained by comparing 
the average of the readings at the odd-numbered 
stations with the average of the even-numbered 
stations. If the quantity averaged in this way is 
the sound pressure (Def. 1013, reference 1), the 
two values usually do not check very well be- 
cause the averages are so greatly influenced by 
one or two of the largest readings. It has been 
found more valuable to express the readings ona 
decibel scale (e.g., sound pressure level—Def. 3, 
reference 2), before averaging. This minimizes 
the effects of the extreme values, and, if a dozen 
or so readings are averaged, the average for the 
odd stations usually agrees with that for the 
even stations within a decibel. This average can 
usually be repeated on different days, and serves 
as a suitable noise rating for this condition. 





Relative importance of sources; addition and 
subtraction of sound pressures 


In noise reduction work, it is important to 
determine the relative prominence of the various 
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sources of sound. In the case of our transformers, 
this can be done by shutting them down one at a 
time and measuring the individual levels. When 
one of the transformers is shut down, the sound 
pressure at a number of points on the line A—B 
increases, While at other points it decreases. The 
wave pattern is altogether different than before, 
but fully as complicated, showing that inter- 
ference is still present. The average sound pres- 
sure level is obtained by averaging the levels 
at a suitable number of stations. Measurements 
with the other transformer alone show still a 
different wave pattern, and the average sound 
pressure level is obtained similarly. 

The primary cause of these wave patterns 
does not seem to be reflection from the ground 
or other nearby objects, but rather a multiplicity 
of sources. While one may think of the entire 
transformer as a single source of sound, measure- 
ments prove that it does not pulsate as a unit, 
but that it vibrates in a very large number of 
. smaller segments, each with a given phase and 
amplitude. Each of these vibrating surfaces 
generates its corresponding train of sound waves, 
and the interference of these waves produces 
very marked wave patterns right up to the sur- 
face of the machine, even though the reflected 
sound may not be important. 

These three average sound pressure levels are 
ordinarily related very simply. If the sound 
pressures corresponding to these average levels 
are computed, it is found that 


P?+P? =P,’ 


where 


P,=the sound pressure corresponding to the average 
sound pressure level of transformer 1. 
P,=the sound pressure corresponding to the average 
sound pressure level of transformer 2. 
Pi,2=the sound pressure corresponding to the average 
sound-pressure level of both transformers. 


We have made such measurements hundreds of 
times, and the check is usually much closer than 
one would estimate from the apparent accuracy 
of measurement. (Of course in practice, the addi- 
tion is made directly in terms of decibels; the 
actual pressures are not determined.) 

This summation of sound pressures is used 
continually in noise reduction work in two ways: 

(a) To determine the levels of sounds which 
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cannot be made separately, but which must be 
measured by their effect on the total sound. 

(b) To determine if the sounds from the com- 
ponent parts of a machine are independent; i.e., 
if two parts of a machine measure 60 db each, 
their combination should measure 63 db. If, 
as sometimes happens, the combination actually 
measures 70 or even 75 db, there is some definite 
reason, and effective noise reduction can often be 
obtained by locating this reason and eliminating 
it. Hence, the addition and subtraction of sound 
pressures is an important and much used compu- 
tation in noise reduction work. 


Expressing noise ratings in power or energy units 


The above statement concerning the law of 
pressure addition may strike one as trivial. It 
may be argued that since pressure is proportional 
to the square root of power, the above computa- 
tion is simply adding powers. This sounds logical, 
and we have used it in explaining measurements 
to engineers. If the acoustic power of one trans- 
former is a certain amount, W,, and that of the 
other amount W2, the two together have a power 
W,+ W2, and there are no confusing squares and 
square roots to explain. We would very much 
like to use this explanation, and to express our 
data on a power scale (in decibels), but as yet 
we at this laboratory have not been able to under- 
stand what powers are being added by this opera- 
tion. 

Let us consider the various powers and ener- 
gies which exist in an interference sound field. 

(1) The power required to operate a human 
ear placed in the field. Obviously, we are not 
measuring this quantity. 

(2) The power required to operate the sound- 
meter placed in the field. Obviously, we are not 
measuring this quantity. 

(3) The sound energy density. Ergs per cc 
(Def. 1017, reference 1). This energy bears no 
relation to power flow, but represents the energy 
stored in a given volume of air due to its dis- 
placements as an elastic medium when the 
sound was set up. It is somewhat analogous to 
the heat stored in the thermal capacity of an 
electrical resistor, which obviously bears no rela- 
tion to the power dissipated by radiation, con- 
vection, or other means. Similarly the sound 
energy density bears no relation to acoustic 
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power flow, which is considered in the next 
paragraph. The energy is present in both kinetic 
and potential forms; the former is determined 
from particle velocity, and the latter by sound 
pressure. In interference fields, there is no general 
relation between these two, and hence the sound 
energy density cannot be determined from pres- 
sure measurements alone. Consequently, we are 
not measuring this quantity.® 

(4) The sound energy flux density. Microwatts 
per sq. cm in a given direction. This quantity 
has been called the ‘‘Intensity’’ (Def. paragraph 
2, reference 2). 

This is a vector quantity whose direction is 
determined by particle velocity, and whose 
magnitude is determined by three factors; the 
sound pressure, the particle velocity, and the 
time phase angle between the two. In the case of 
free plane or spherical waves, the relations 
between these three quantities are known, and 
hence the magnitude of the sound energy flux 
density can be determined from pressure (or 
velocity) measurements alone. In the case of 
sounds with interference, the relations between 
pressure, velocity and time phase are not known, 
and hence the sound energy flux density (inten- 
sity) cannot be determined from _ pressure 
measurements. Hence, we are not measuring 
this quantity. 

(5) The sound power of the source. Micro- 
watts. The sound power radiated from a source 
is obtained by integrating the sound energy 
flux density over a closed surface surrounding 
the source. Since we have no means of measuring 
the energy flux with our condenser microphone, 
we cannot measure this quantity. 

As far as the author is aware, this completes 
the list of sound powers and energies which have 
been defined for an interference field, and it is 
obvious that none of these quantities was 
measured by our meter. Hence, there apparently 
is no means of expressing sound pressure measure- 
ments in a power scale, where the powers repre- 
sent any physical quantity associated with the 
sound, which has been thus far defined. 


3 Irving Wolff and Frank Massa. See sections on Energy 
Density Measurements and Energy Flow Microphone in 
Use of Pressure Gradient Microphones for Acoustical 
Measurements. J. Acous. Soc. Am. 4, 217 (1933). 
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Possible approximate power scale for expressing 
sound pressure 


It might be argued that the above difficulties 
are unduly academic (university workers are 
supposed to have this failing), and that for 
practical work the power approximation js all 
right. Let us see how this works. 

In a plane or spherical wave, the sound energy 
density (intensity) is P?/10pC microwatts per 
sq. cm perpendicular to the wave front. Suppose 
we stifle our scientific conscience and say that 
our sound has the same intensity as a plane wave 
of the same pressure. Now we will have to 
average the intensity over a vertical plane pass- 
ing through our line of measurement stations, 
If we average pressure squared, the effects of 
large readings will be much worse than for 
pressure first power, hence, we will have to take 
logs (decibels) of the above quantity to get a 
suitable average. The average intensity will 
then be a horizontal vector perpendicular to the 
line A—B. For Transformer No. 1 the vector will 
be directed toward the right, for Transformer 
No. 2 to the left. Suppose that each of these is 
60 db. Now, if both transformers are operated 
simultaneously, the resulting intensity is zero, 
and the corresponding intensity level is negative 
infinity. A remarkable reduction, truly, but one 
concerning which it is hard to convince an en- 
gineer if he uses his ears. Neither does it agree 
with sound pressure measurements. 

It is to be noted that the above result of nega- 
tive infinity intensity level is not introduced by 
the approximate method of computing intensi- 
ties. If one actually measured the integral of 
pressure times velocity, the result would neces- 
sarily be the same for the area in question if the 
sounds were equal. 

As far as the author can see, any attempt to 
think through a scheme of expressing sound pres- 
sure measurements in an interference field in 
terms of a real power leads either to scientific 


inconsistencies or practical absurdities, or both. 
Even if it could be done, it appears that this is 
a very round-about and complicated way of 
expressing pressure measurements. Hence, the 
workers at our laboratory conclude that it is 
best to abandon any attempt to talk in terms of 
powers and energies in the case of machinery 
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circuit is set for 240 cycles, and the measurements 


on each transformer and on the combination are 
repeated. Again, three different wave patterns 
are obtained, and these are also different from, 
and bear no relation to, the 120-cycle patterns 
except that, on the average, the peaks and 
valleys are only about half as far apart. The 
range of sound pressures is essentially the same, 
perhaps 20 db. In a similar way, the average 
sound pressure levels of the 360, 480, 600, etc., 
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Although the above data give the sound pres- 


sure level and frequency of each component of 
the sound of each transformer, they do not show 
the relative loudness of the various components, 
nor the total loudness of either sound. A chart 
(Fig. 2) of equal loudness contours has been 
adopted,? and a formula has been published? for 
computing the loudness of a sound from its 
sound spectrum. It so happens that the ordinate 
in both of these cases is “intensity level,”’ and, 
as explained above, we were unable to measure 
the intensity level of our sounds because a con- 
denser microphone was used in an interference 
field. Even though we had measured the energy 
flux density (intensity), neither Fig. 2 nor the 
Fletcher-Munson formula would apply to our 
data, because when both transformers were in 
operation the intensity levels of all components 
approached negative infinity, even though the 
sound pressure levels were very high and the 
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three sounds. The only recourse would be to use 
; so jury of observers, which could be done 
‘Harvey Fletcher and W. A. Munson, Loudness, Its . ound iy is wading , " 
Definition, Measurement and Calculation, J. Acous. Soc, 1 either of two ways: 
Am. 5, 82 (1933). (a) Jury judgments could be made on each 
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component to determine what pressure level of 
free plane or spherical wave of the same frequency 
was as loud as the actual sound. After this, the 
A. S. A. data and the Fletcher-Munson data 
could be applied. 

(b) The various components and total sounds 
could be compared directly with a 1000-cycle 
free wave in order to determine the loudness. 

It seems doubtful if any appreciable number of 
investigators will use either of these clumsy 
methods, even though they are the only ones 
authorized by standardization. It is our practice 
to consider Fig. 3 as though the ordinate were 
“sound pressure level,’’ and to use it for all 
sound pressure measurements, including inter- 
ference fields. If one makes this substitution of 
“sound pressure level” for “intensity level’ 
on Figs. 2 and 3 of the A. S. A. report, and also in 
the Fletcher-Munson formula, the necessary 
loudness interpretations can be made. Sound 
pressure level is obviously identical with inten- 
sity level for free fields (neglecting differences of 
1 db or less due to change of pc with temperature 
and barometer). In interference fields, intensity 
level is certainly not the desired quantity, while 
we suspect that sound pressure level is reason- 
ably close. At least, it seems to be the best that 
one can do without recourse to a sound jury. 


ADVANTAGES AND DISADVANTAGES OF VARIOUS 
SCALES FOR EXPRESSING THE 
MAGNITUDE OF A SOUND 


Before proceeding with a discussion of the 
various scales now in use, let us list the various 
requirements and desirable features of such 
scales. 

(1) A loudness scale is essential; i.e., a scale in 
which larger numbers represent louder sounds. 

(2) A physical scale is required; i.e., a quantity 
must be measured which meters can be cali- 
brated to read directly. 

(3) A scale must be provided which allows 
convenient physical “addition and subtraction” 
of sounds. (See sect. on this above.) 

(4) It is very desirable to have numbers which 
are convenient to plot and to interpret. 

A loudness scale is necessarily a psychological 
scale which takes account of the peculiar char- 
acteristics of human ears. From the data now 
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available it appears certain that a scale which 
meets this requirement cannot possibly meet 
requirements 2 and 3, which are purely physical. 
Hence, we must have at least two scales, one 
physical and the other psychological. The fourth 
requirement practically excludes any linear 
scale and points to decibel scales. The question 
then becomes one of trying to select two decibel 
scales, one physical, and the other psychological, 

At present there are at least eight scales used 
for expressing the magnitude of a sound. 


Physical scales 


(1) Sound intensity.—(sound energy flux density) 
microwatts per sq. cm in a given direction. 

(2) Sound intensity level—db above 10-* watt 
intensity. 

(3) Sensation level.—db above threshold of given 
frequency. 

(4) Sound pressure.—dynes per sq. cm (bars). 

(5) Sound pressure level—db above 0.0002 bar. 

(6) Weighted sound pressure 
0.0002 bar at 1000 cycles. 


level—db_ above 


Psychological scales 


(7) Loudness. A series of numbers (not named) 
used as ordinate in Fig. 3 of A. S. A report. 

(8) Loudness level.—db above threshold of equally 
loud 1000-cycle note. 


The advantages and disadvantages of each 
of these eight scales are tabulated. Since five of 
the eight scales are decibel scales they share the 
advantages and disadvantages of this unit 
equally. Accordingly, these are outlined first 
and are not repeated in the individual lists. 


Decibel scale 


The decibel is a logarithmic unit of ratio, one 
decibel corresponding to a pressure ratio of 1.12 
to 1. The decibel values corresponding to other 
pressure ratios are given by the formula 


db = 20 log io b/ po, 


where db=number of decibels between sound p 
and fo; p=sound pressure in dynes per sq. cm; 
po=reference pressure in dynes per sq. cm 
(standard 0.0002). 
Advantages: 

(1) Numbers are convenient to plot and to 
interpret. 

(2) Additions and subtractions are easily 
computed. 
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(3) The scale is in general use. 

Disadvantages: 

(1) The law of addition is unusual and seems 
mysterious to engineers and others not familiar. 
with the unit. 

(2) A reference level is required to relate the 
readings to absolute units. 

(3) Some confusion results because a given 

change in loudness corresponds more nearly to a 
certain decibel difference than to a fraction of.the 
original number of decibels. 
Comment: The disadvantages arise from the 
peculiarities of a logarithmic scale, and, while 
they may seem unusual at first, they are, after 
all, quite simple and can be learned. Nearly 
everyone tried to avoid using decibels at first, but 
the unit has been almost universally adopted on 
account of its practical conveniences. 


Sound intensity 


(Sound energy flux density.) Microwatts per 
sq. cm in a given direction. Not a decibel scale. 
Advantages: (For noise measurement). 

None. 

Disadvantages: 

(1) In the case of free plane or spherical waves, 
the sound can be expressed with equal accuracy, 
completeness, and greater convenience in sound 
pressure level because it is not necessary to 
correct pressure measurements for the tempera- 
ture and the barometric pressure. 

(2) In the case of sounds with interference, 
which includes most sounds, there seems to be 
little reason why anyone would wish to measure 
this quantity, as it is one which bears no relation 
whatever to loudness. Loudness of such sounds 
cannot be determined from intensity measure- 
ments without recourse to a sound jury. 

(3) No known instruments measure this 

quantity for sounds with interference, which 
includes essentially all sounds. 
Comment: Apparently, about the only use for 
this quantity would be in case one wished to 
integrate it over a surface in order to determine 
acoustic power. This is not an operation which 
one has need to do in most noise measurement 
problems. It would also be necessary to develop 
a meter for the purpose® if the sound did not 
consist of free waves. 
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Sound intensity level 


Db above 10-'* watt per sq. cm in a given 
direction. A decibel scale. 

Advantages: (For noise measurement). 

None. 

Disadvantages: 

(1) Since there is a one-to-one correspondence 
between intensity level and intensity (i.e., for a 
given intensity there is one, and only one, cor- 
responding intensity level, and vice versa), the 
former has the disadvantages of the latter, 
namely: 

(a) It is a quantity which for most sounds has 
no relation whatever to loudness, and hence, no 
one would wish to measure it, even if they could. 

(b) No known meters measure this quantity 
for sounds with interference. 


Sensation level 


(Above threshold level.) Db above threshold 
at given frequency. A decibel scale. 
Advantages: 

(1) Those of the decibel scale. 

(2) Numbers indicate how far note is above 
threshold. 

(3) Meters can be calibrated to read directly 
in sensation level, or it can be determined from 
sound pressure level by a single addition. 

(4) It is a suitable loudness scale for notes of a 
single frequency. 

Disadvantages: 

(1) It is not a loudness scale, i.e., larger num- 
bers for louder sounds for notes of different 
frequency, or for complex sounds. 

(2) Soundmeter measurements of sensation 
level of complex sounds have little meaning 
because one does not know the threshold level 
of the complex sound. 

(3) In order to use the Fletcher-Munson for- 
mula, it is necessary to translate data from this 
scale. 


Sound pressure 

Dynes per sq. cm (bars). Not a decibel scale. 
Advantages: 

(1) Sound pressure is a physical quantity very 
closely related to loudness. 

(2) It isa quantity measured by most present- 
day soundmeters. 

(3) It isa quantity easily explained to engineers 
and others. 





144 ae 


Disadvantages: 

(1) Numbers are inconvenient for plotting. 

(2) Sums and differences involve square roots 
of sums and differences of squares which are 
awkward to explain. 

(3) It is a physical scale and, hence, larger 
numbers do not represent louder sounds when 
complex sounds or different frequencies are 
involved. 


Sound pressure level 


Db above 0.0002 bar. A decibel scale. 
Advantages: 

(1) Those of a decibel scale, i.e., numbers of 
convenient size for plotting and interpretation, 
and easy computation of sums and differences. 

(2) It is quite easily explained in terms of 
sound pressure. 

(3) With a little experience, data on indi- 
vidual notes are readily interpreted in terms of 
ear sensations. 

(4) It serves as a suitable loudness scale for 
notes of a given frequency. 

(5) Meters can be calibrated to read directly 
in sound pressure level. 

Disadvantages: 

(1) Since sound pressure level is a physical 
scale with a one-to-one correspondence with 
sound pressure, it also is not a loudness scale 
(i.e., larger numbers for louder sounds) for com- 
plex sounds or notes of different frequency. 

(2) Those of a decibel scale, i.e., unusual law 
of addition, and necessity of reference level. 


Weighted sound pressure level 


Db above 0.0002 bar at 1000 cycles of sound 
pressure weighted according to an equal loudness 
contour suitable to the level of the sounds meas- 
ured. A decibel scale. 

Advantages: 

(1) This appears to be the most valuable single 
physical measurement which can be made on a 
complex sound in order to obtain an indication 
of loudness. Direct comparisons with the aver- 
age judgments of groups of observers®*® show 


5H. B. Marvin, On the Loudness of Noise, J. Acous. 
Soc. Am. 3, 388 (1932). 

6P, H. Geiger and E. J. Abbott, Sound Measurements 
vs. Observers’ Judgments of Loudness, Elect. Eng. 52, 809 
(1933). 
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that, if properly used, it is a surprisingly accurate 
loudness scale, i.e., larger numbers for loude, 
sounds, for extreme variations in the loudness 
and quality of sounds. 

(2) Meters can be calibrated to read directly 
in this scale. In fact, this is the quantity meas. 
ured by most present-day soundmeters, although 
this name is not in general use. 

(3) Measurements are rapid and instruments 
are simple. 

(4) Additions and subtractions are made by 
the usual decibel method. 

(5) This measurement has been in general use 
over a period of years, and has proved to be of 
immense value in practical noise measurements, 
Disadvantages: 

(1) Since this is a physical measurement and 
does not take account of all the characteristics 
of human ears, measurements in this scale are not 
interchangeable with loudness level. In general, 
the values are a few db lower, although in special 
cases the differences may amount to 10 db or 
more. 

(2) Caution must be used in interpreting the 
measurements in terms of loudness. If the proper 
weighting curve is used, pure notes are properly 
rated, while sounds with a large number of 
equally loud components widely spaced in 
frequency are rated too low. For sounds whose 
loudest components lie in the neighborhood of 
100 cycles, the weighting becomes more critical, 
and care must be used in interpreting loudness 
differences. If a given change in level is produced 
by a change in a single component, it is more 
prominent than an equal difference caused by a 
change in all components. 


Loudness 


A series of numbers (not named) prepared by 
Fletcher and Munson and published as Fig. 3 
in the A. S. A. report. Not a decibel scale. 
Advantages: 

(1) This is a loudness scale, i.e., the loudness 
of any sound, pure or complex, can be expressed 
in this scale, and larger numbers represent 
louder sounds. 

(2) Half as large numbers represent half as 
loud sounds, etc. 

(3) If sounds do not mask each other, the 
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loudness of a sum of sounds is the arithmetic 
sum of their individual loudnesses. 

(4) This scale is used in the Fletcher-Munson 
formula for computing the loudness of complex 
sounds. 

Disadvantages: 

(1) No known meters can be calibrated to 
read directly in loudness. 

(2) In general, sounds do not add without 
masking so that advantage 3 is of slight impor- 
tance. Loudnesses must be added by the Fletcher- 
Munson formula. 

(3) The law of addition and subtraction of 
sounds is very complex, so that sounds are not 
easily added and subtracted. 

(4) If present standardizations are followed, 
it is impossible to determine the loudness of 
sounds with interference unless a sound jury is 
used. 

(5) A special name is needed because the word 
loudness has been used for so many different 
things. 

(6) The numbers are inconvenient for plotting. 


Loudness level 


Intensity level of equally loud 1000-cycle 
free wave. A decibel scale. 
Advantages: 

(1) This is a true loudness scale which gives 
larger values for louder sounds of any quality. 

(2) It has the advantages of decibel scales, 
except that the usual law of addition does not 
apply. 

(3) For sounds of ordinary level, half as loud 
corresponds to a 10 db difference, very nearly. 

(4) Numbers are convenient to plot. 
Disadvantages: 

(1) Since a one-to-one relation exists with 
loudness (see A. S. A. Fig. 3), loudness level 
shares the same disadvantages, namely. 

(a) No known meters can be calibrated to 
read directly in loudness level. 

(b) The law of addition is that of the Fletcher- 
Munson formula, and hence is complex. 

(c) If present standards are followed, it is 
necessary to use a sound jury to determine 
the loudness level of sounds with interference, 
which includes most sounds. 


(2) Half as large numbers do not represent 
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half as loud sounds, although the approximate 


relation is quite simple. (See Advantage 3.) 


SUMMARY 


With this material at hand, let us examine the 
various scales in the light of the four require- 
ments and desirable features listed on page 142. 


Physical scale for notes 


The first five scales, namely, intensity, inten- 
sity level, sensation level, sound pressure, and 
sound pressure level, are all physical scales which 
serve a common purpose, namely, to indicate 
the magnitude of single-frequency notes, whether 
they exist singly, or are obtained by frequency 
analysis. While these quantities can also be 
measured for complex sounds, there is little or 
no point in doing so in noise measurement work, 
because the data cannot be interpreted in terms 
of loudness. 

It seems to the author that here lies much of 
the needless duplication, and that one scale is 
sufficient for this purpose. Intensity and in- 
tensity level are satisfactory for free waves, but 
they do not measure the desired quantity for 
interfering waves, and hence can be eliminated. 
Sensation level is all right, but it is so nearly like 
pressure level that both are not needed. Data 
expressed in this scale must be translated in 
order to use the Fletcher-Munson formula. 
Sound pressure has the drawback that it is a 
linear scale and hence inconvenient. This leaves 
sound pressure level as the logical physical scale 
for expressing the magnitude of single notes 
which occur alone or in frequency analyses. This 
scale gives as complete information concerning 
the sounds as can be obtained from measure- 
ments with a pressure microphone (which the 
condenser and dynamic closely approximate), 
and seems to be the simplest and most convenient 
scale for expressing the physical magnitude of 
notes. 


Physical scale for complex sounds 


There is no known single physical measure- 
ment which takes account of all the peculiarities 
of the human sense of hearing, and, therefore, 
that the loudness of complex sounds cannot be 
measured directly by meter. One has two choices; 
either a rapid approximate method, or a laborious 
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but more exact one, such as the Fletcher-Munson 
formula. Experience indicates that both of these 
methods are valuable on occasion, and that the 
approximate method is surprisingly accurate if 
used with discretion.® ° 

The approximate measurement in general use 
is weighted sound pressure level. Hence, this is 
one of the essential scales. 


Psychological scales 


There are two psychological scales; loudness 
and loudness level. As shown by Fig. 3, there is 
a one-to-one correspondence between these two, 
so that they are equally complete. The choice 
between them is wholly a matter of convenience, 
and the author rather leans toward the decibel 
scale of loudness level for expressing data, al- 
though both of them must be used in the 
Fletcher-Munson formula. 


List of preferable scales 


This discussion leads to a list of three scales 
which seem preferable for expressing sound 
measurements: 

Use 
For single notes and fre- 


quency analyses. 
For complex sounds. 


Physical Scales 
(1) Sound pressure level 
(2) Weighted sound pressure 
level 


Psychological or loudness 
scale 


(3) Loudness level For single notes and fre- 


quency analyses. Also for 
complex sounds whose 
loudness is computed by 
the Fletcher-Munson for- 
mula or determined by 
sound jury. 

It might be argued that the single scale of 
loudness level would be sufficient and that all 
confusion would be eliminated by using this one 
scale. The objections to this procedure are en- 
tirely practical. No known meters read directly 
in loudness level, and it would be necessary to 
convert all measurements by means of curves 
or formula, and, since even simple noise problems 
often require hundreds, if not thousands, of 
measurements, this represents a great deal of 
work. Further, in order to see if sounds add or 
subtract according to physical expectations, it 
would be necessary to convert to a physical 
scale such as sound pressure. Again, one often 
makes a number of measurements at a single 
frequency, and it is more convenient and just as 


ABBOTT 


accurate to work in a physical scale until jt jg 
desired to make comparisons with sounds of 
different frequencies. 

In view of these practical considerations, jt 
seems to the author that at the present stage of 
the art we can hardly hope for greater simplifica. 
tion, and that much confusion will be eliminated 
if these three scales are used, and if the scale 
employed for every set of data is definitely 
labelled on the graph. 


APPENDIX:—A COMPARISON OF NOISE SCALgs 
WuicH ARE MONOTONOUS FUNCTIONS OF 
THE EQuaLLy—Loup 1000 CycLE 
SOUND PRESSURE 

Fig. 1 shows six scales which are all monoto. 
nous functions of the ‘‘equally-loud 1000 cycle 
sound pressure’”’ (called ‘“‘weighted pressure’’ for 
short). Since each of these scales gives larger 
numbers for louder sounds, the advantage of each 
lies in its relation to interpretation, and each has 
been urged on account of its reasonableness. 


Loudness interpretation vs. plotting convenience 

There seem to be two outstanding conveniences 
of interpretation which are mutually exclusive in 
any one scale if a wide level of sounds is con- 
sidered. These may be called ‘“‘loudness inter- 
pretation”’ and “plotting convenience.’’ Vendors 
of quieting find it desirable to use a scale in which 
half as large numbers correspond to half as loud 
sounds. This is a reasonable position and one 
which leads to large numbers because the ear can 
hear a surprising number (about 20) of these 50 
percent reductions in loudness. Each of them 
is a very noticeable change (i.e., clients will 
spend money to obtain a 50 percent reduction in 
loudness). Consequently, such a scale requires a 
range of numbers of nearly 1,000,000 to 1. Such 
a range obviously cannot be plotted to a linear 
scale and logarithmic plots have well-known 
drawbacks. For convenient plotting, it is de 
sirable to have numbers covering not more thana 
factor of 100 or so, and hence there is another 
group who prefer such a scale, and their position 
is just as reasonable as the first. Consequently, 
whenever one talks about the reasonableness of 
convenience of any scale, he is usually concerned 
with the relative importance of these two factors 
over the range of sound pressures in question. 
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These relative advantages are indicated graphi- 
cally in Fig. 1. 

The abscissa of Fig. 1. is weighted pressure in 
dynes per sq. cm to a log scale so the divisions can 
also be marked ‘“‘weighted pressure level.’’ The 
ordinate is simply a log scale beginning at 1. It 
applies to the various scales by multiplying the 
ordinate by the value indicated in Table I. 


TABLE I. 








Multi plying factor 


Scale for ordinate 





Weighted intensity 

Weighted sound pressure 
Fletcher- Munson numbers 1 
Ham and Parkinson numbers 1 
Churcher, King and Davies Nos. 0.1 
Weighted pressure level 1 decibel 


101° watts per sq. cm 
0.0002 dyne per sq. cm 








Characteristics of various scales 


Fletcher-Munson numbers. The Fletcher-Mun- 
son curve! was determined on the basis of “half 
‘Harvey Fletcher and W. A. Munson, Loudness, Its 


Definition, Calculation and Measurement, J. Acous. Soc. 
Am. 5, 82 (1933). 


numbers for half as loud” and is believed to be 
the best data of this type available. For purposes 
of comparison it will be taken as standard. 

This scale has striking corroboration from an 
entirely independent investigation employing an 
altogether different method. A note of given level 
was presented to observers and they were in- 
structed to adjust another note of the same fre- 
quency to fractions and multiples of the loudness 
of the given note ranging from 1/100 to 100 times 
the loudness of the given sound. This was re- 
peated at several levels. In order to compare with 
Fletcher-Munson, the same value was chosen for 
55 db (3080 units) and the data are plotted in 
Fig. 2, together with the Fletcher-Munson curve. 
Both the upper and lower bends in the loudness 
curve are reproduced, not only in the averaged 
values but also in the separate curves beginning 
at different levels. The workers at our laboratory 
regard this as a very good confirmation of the 


Fletcher-Munson numbers. 


2 P. H. Geiger and F. A. Firestone, Estimation of Frac- 
tional Loudness, J. Acous. Soc. Am. 5, 25 (1933). 
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Weighted intensity (i.e., intensity of equally- 
loud 1000 cycle note). As previously stated in this 
paper, intensity has no advantages either for 
plotting or for loudness interpretation (except for 
negligibly faint sounds) and hence can be 
eliminated immediately. 

Weighted sound pressure (i.e., equally-loud 1000 
cycle sound pressure). As shown by Fig. 1, this is 
a remarkably good loudness scale, indeed it gives 
nearly as good a fit to the complete Fletcher- 
Munson curve as any straight line which can be 
drawn. The range of numbers for 120 db is 
practically identical (1,000,000 compared to 
556,000). This means that the average slopes are 
practically the same, and it is the slope which 
determines the reduction in scale units for half as 
loud. For sounds above 40 db the pressure curve 
is a bit steeper than the loudness curve, so that it 
requires about a factor of 3 in pressure to produce 
a factor of 2 in loudness. In view of the uncer- 
tainty of fractional loudness determinations, this 
is not a great discrepancy and it seems that few 
practical discrepancies of interpretation would be 
encountered if we used weighted pressure in 
dynes per sq. cm as a loudness scale and said that 
half as large numbers represent half as loud 
sounds. Such a scale would certainly have prac- 
tical advantages for explaining to clients. The use 
of sound pressure as a loudness scale has been 


ABBOTT 






suggested by several investigators at Various 
times and, in the light of our present knowledge 
much can be said for it. 

Weighted sound pressure level (db above 
threshold). This scale is most advantageous from 
the plotting viewpoint as the entire range covers 
only about a factor of 120 compared to a milliog 
for weighted pressure and Fletcher-Munsop 
numbers. On a ratio basis, the range is unevenly 
distributed. One factor of 10 is used for sounds s 
faint that until a few years ago, they were be. 
lieved to lie below the threshold of hearing, and 
about a third of the next factor of 10 is used for 
sounds below ordinary experience. This leaves 
only about a factor of 4 for the remainder of the 
range as compared with a factor of about 570 
in loudness. Many workers have pointed out 
difficulties of interpretation arising from this fact, 

This difficulty is easily avoided by always 
thinking of loudness changes in terms of decibel 
differences rather than fractions (e.g., a reduction 
from 100 db to 90 db should be described as a 10 
db reduction, not as a 10 percent reduction). As 
shown in Fig. 1, a 10 db change of level corre. 
sponds approximately to a factor of 2 in loudness 
for sounds of 40 db to 100 db. 

It has been suggested that a rather large part 
of our decibel scale is allotted to sounds which 
are fainter than ordinary experience, and that for 
most work the convenience of interpretation 
would be improved by using a reference level of 
0.001 bars, or 0.01 bars, which are 14 db and 34 
db, respectively, above 0.0002 bars. These refer- 
ences have been considered by standardization 
committees and 0.0002 bars has been adopted. 
IIam and Parkinson numbers.* As shown in Fig. 


























1, this is a scale whose numbers are proportional 
to (pressure)?*, which gives a factor of 10,000 
between 120 db and threshold, compared with 
556,000 for Fletcher-Munson. However, from 40 
db to 110 db the factors are almost identical, 
being 213 for Ham and Parkinson, and 220 for 
Fletcher-Munson. In other words, the agreement 
is nearly perfect for sounds above 40 db, which 
includes most practical sounds. This is shown by 
the line of slope 2/3 drawn through this part of 











3L. B. Ham and J. S. Parkinson, Loudness and Intensity 
Relations, J. Acous. Soc. Am. 4, 511A (1932); J. S. Parkin- 
son, J. Acous. Soc. Am. 3, 7 (1931). 
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the Fletcher-Munson curve. The essential differ- 
ence between the two scales is that Fletcher- 
Munson provides for a factor of 1000 between 40 
db and threshold, while Ham and Parkinson only 
provides a factor of about 20. This improves the 
convenience of plotting without sacrificing loud- 
ness interpretation at ordinary levels. If a linear 
plot is used, the Ham and Parkinson numbers 
would be more convenient than the Fletcher- 
Munson numbers because a factor of about 50 
has been eliminated at the bottom of the scale. 
On the other hand, if they were plotted toa 2 or 3 
cycle log ordinate, the two graphs would be prac- 
tically identical for sounds above 40 db. The 
simple mathematical relation to sound pressure is 
another advantage of this scale. 

Churcher, King and Davies numbers. A scale 
of loudness suggested by Churcher, King and 
Davies is also shown in Fig. 1. Up to 80 db it 
coincides almost exactly with the Ham and 
Parkinson curve (the actual numbers are 1/10 as 
large). Above 80 db the curve rises less steeply, so 

the range of numbers for 120 db is about 
2500 compared with 10,000 for Ham and Parkin- 
son and 556,000 for Fletcher-Munson. From 40 
db to 80 db the “‘half numbers for half as loud” 
relation agrees very closely with the Fletcher- 
Munson data, but above 80 db the proposed scale 
increases less rapidly. 

This is another compromise scale which ap- 
proximates loudness interpretation closely for 
sounds of medium level (40 db to 80 db) but 
which sacrifices this feature at lower and higher 
levels to obtain in plotting convenience. 


Criterion for judging a proposed scale 


The characteristics of any proposed scale which 
is a monotonous function of weighted pressure 


*B. G. Churcher, A. J. King and H. Davies, The Meas- 
urement of Noise with Special Reference to Engineering 
Noise Problems, J. 1. E. E. (London), October, 401 (1934). 


1,000,000 0.12 
1,000 35 
100 49 
90 50 
46 .55 
aa 9 db difference 











can be determined approximately by taking the 
ratio of the numbers which correspond to 100 db 
and 40 db. This covers most sounds, and all of the 
curves of Fig. 1 are essentially straight over this 
range. 

If a proposed scale gives a ratio (next to last 
column in Table II) in the neighborhood of 90, 
half as large numbers correspond to half as loud 
sounds. Ratios above 90 mean that loudness 
differences have been exaggerated and plotting 
convenience neglected, while ratios below 90 
mean that plotting convenience has been favored 
at the expense of interpretation. 

Another method of judging a proposed scale is 
to note what ratio of numbers corresponds to half 
as loud on the Fletcher-Munson scale. According 
to this scale, there are 6.5 factors of 2 in loudness 
between 40 db and 100 db (i.e., 2*°=90). Hence, 
the numbers in the last column are the reciprocals 
of the 6.5th root of the numbers in the next to last 
column. With the exception of the intensity and 
decibel scales, the numbers are surprisingly 
similar and, considering the difficulties of es- 
timating fractional loudness, it is obvious that in 
the range from 40 db to 100 db the various in- 
vestigators are in very close agreement. The com- 
paratively large differences in the third column 
are due to the fact that the ear can appreciate so 
many factors of 2 in loudness. 


Conclusion 


It seems to the author that the decibel scale is 
likely to remain in use for attenuator calibration, 
plotting, etc. If one wishes to use a second scale in 
order to obtain more obvious loudness inter- 
pretation, the second scale might well be the 
Fletcher-Munson scale, which agrees closely with 
both the Ham and Parkinson and the Churcher, 
King and Davies scales for ordinary levels, and 
also represents the best available data for low and 
high levels which are sometimes of importance. 
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The Relation of Pitch to Intensity 


S. S. STEVENS, Harvard University 
(Received August 16, 1934) 


Measurements were made of the amount by which the 
pitch of tones ranging from 150 to 12,000 cycles is changed 
by an increase in intensity. Observers were presented 
alternately with two tones of different frequency and 
required to make them sound equal in pitch by varying 
the intensity of one of the tones. The results, when plotted 
as equal pitch contours, show (1) the pitch of high tones 


HE dependence of the pitch of a tone upon 

the intensity of the stimulus has been 
frequently noted during the last hundred years. 
Most investigators have reported that an in- 
crease in the intensity of the stimulus tends to 
lower the pitch even though the frequency of the 
stimulus remains constant, but occasional ref- 
erence has been made to the opposite effect. 
In this context, of course, pitch means the 
subjective judgment of a tone (not the objective 
frequency in cycles per second). Zurmiihl' made 
a study of the effect of intensity on the pitch 
of tones between 200 and 3072 cycles and found 
that throughout that range an increase in in- 
tensity lowered the pitch. However, the effect 
was more pronounced in the case of the lower 
tones and was practically absent in the case of 
the 3072-cycle tone. The present study was 
undertaken to show that for high frequencies 
pitch is raised when intensity is increased, and 
to determine the form of the contours of equal 
pitch. 


APPARATUS AND METHOD 


The arrangement of the apparatus is shown in 
Fig. 1. The observer was seated in a sound room 
lined with rock-wool. His head was fixed be- 
tween a pair of small dynamic speakers mounted 
close to the ears. By means of the rheostat R he 
was able to control the intensity of one of two 
tones presented to him alternately at the rate 
of about 40 per minute. The switch was a six- 
pole double-throw knife-switch with contacts 
arranged so as to close the circuit containing 
the resistance G after the closing of the other 


1G. Zurmiihl, Zeits. f. Sinnesphysiol. 61, 40-86 (1930). 


150 


increases with intensity, (2) the pitch of low tones de. 
creases with intensity, (3) the point at which the effeg 
reverses varies with intensity level. The fact that the 
points of reversal correspond quite closely with the points 
of greatest sensitivity of the ear, as shown by contours of 
equal loudness, suggests that the change in pitch with 
intensity is due to the resonant characteristics of the ear 


two circuits. The resistance G was shunted across 
a resistance in the grid circuit of the oscillator, 
which was just large enough to prevent oscilla. 
tions. The value of G was adjusted so that, 
when it was inserted, the oscillations commenced 
slowly enough to prevent a click in the loud. 
speakers. The click was also absent when the 
tone turned off. 

The frequency was controlled by condensers 


external to the oscillator. A different condenser’ ‘ 


was introduced into the circuit with each throw 
of the switch. These condensers were of the 
decade type and had to be matched to each other 
by the addition of an air condenser to one of 
them. This matching was done by ‘beating’ the 
tones with a standard tone from another oscil- 
lator. It was found necessary to amplify the out- 
put of the oscillator in order to avoid the change 
in frequency which accompanies a change in the 


load on the oscillator. The amplifier effectively. 


reduced the change in frequency to less than one 
cycle for a change in load equal to the largest 
used in the experiment. Low pass filters were 
used for all except the highest tones. 

The absolute intensity of the tones used was 
determined by means of a calibrated, moving- 
coil microphone. The calibration was made by 
Western Electric Company. The microphone was 
placed in a baffle and suspended in the position 
occupied by the right ear of the observer. The 
output of the microphone and transformer was 
compared directly with a standard voltage (1 
millivolt) at each of the frequencies used in the 
experiment and the response determined in 
decibels relative to the standard voltage. Then, 
after subtracting the gain of the transformer, 
which had been previously measured, the pres 
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Fic. 1. Diagram of the apparatus. 


sure in dynes per square centimeter at the face 
of the microphone was read directly from the 
calibration chart. 

The experimental procedure was to present 
the observer alternately with a standard tone 
and a comparison tone of slightly different 
frequency and to require him to make the com- 
parison tone equal to the standard tone in pitch 
by adjusting the intensity of the comparison 
tone. This was repeated ten times for each pair 
of tones. The difference in frequency was always 
such that the two tones could be made to sound 
equal in pitch by a change of not more than 25 db 
in the intensity of the comparison tone. There- 


/ fore, in order to cover a wide range of intensities, 


the standard tone was used at several intensity 
levels. 

Three observers, all having exceptionally good 
pitch discrimination, were used in the experi- 
ment. They all agreed as to the nature of the 
effect of a change in the intensity of a tone of a 
given frequency, that is to say, whether the 
pitch was raised or lowered; but the absolute 
magnitude of the change was slightly different 
in the case of each. The most extensive observa- 
tions were made with Dr. Henry S. Odbert and 


it is his results which we shall consider in 
detail. 


RESULTS 


The observer’s threshold was determined at 
each of the frequencies shown in Table I. It was 
not possible to measure the intensity of the 
12,000 cycle tone at the threshold because the re- 
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sponse of the microphone is limited to 10,000 
cycles. It is interesting to note that the form 
of the threshold curve represented by the data 
of Table I is similar to the forms for other 
observers, as reported by Sivian and White? 
However, the absolute values tend to be high. 
This is most probably due to the fact that the 
experimental room was not perfectly quiet while 
the thresholds were being measured. 


TABLE I. Threshold values determined with H. S. Odbert. 
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The amount by which the intensity of the 
comparison tone was raised in order to com- 
pensate for a given difference in frequency at 
various levels of intensity is shown in Table II. 
The change in intensity necessary to make the 
standard and comparison tones sound equal in 
pitch in the face of a given difference in fre- 
quency is recorded in decibels above the intensity 
level of the standard tone. Each value repre- 
sents the average of ten matchings by the 
observer. 

Fig. 2 presents the data of Table II when 
percent change in pitch is plotted as a con- 
tinuous function of intensity level. In order to 
plot these functions as continuous it was neces- 
sary to plot the segment of each curve obtained 
at each intensity level and then fit the segments 
together. The fit was easy to make in the case 
of all except the three curves whose slopes 
change from positive to negative. In the case of 
each contour the scatter of the observed points 
about the smoothed curve was very slight. 
The placement of the curves relative to the 
ordinate scale was made arbitrarily in such a 
way that the curves tend to a common origin. 
The zero of the ordinate scale itself is also 
arbitrary. 

The positions of the maxima of the curves in 
the middle range imply that there are some 
frequencies at which pitch does not change with 
intensity and that these frequencies vary with 
intensity level. In other words, the way in which 
increasing intensity affects pitch reverses at a 


2L. J. Sivian and S. D. White, J. Acous. Soc. Am. 4, 
288-321 (1933). 
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Fic. 2. Contours showing the dependence of pitch upon intensity. The percent change in frequency necessary to keep 
the pitch of a given tone constant in the face of a given change in intensity can be taken as a measure of the effect of 
intensity upon pitch. Pitch in this case is the parameter. The ordinate scale was chosen so that a contour with positive 


slope shows that pitch increases with intensity. 


point which is a function of both frequency and 
intensity. The nature of the function for this 
observer is shown by the curve marked S in 
Fig. 3. Such a curve represents the values of 
frequency and intensity at which no change 
of pitch is observed to follow upon a small 
change of intensity. This curve is only an 
approximation, however. The region in which 
there is no change of pitch could properly be 
represented by an area rather than a line. 


THEORY 


Previous efforts to explain the shift of pitch 
which accompanies a change of intensity have 
assumed that the shift is in one direction only. 
Thus, Zurmiihl' concludes that an increase in 


intensity results in a lowering of the pitch ofa 
tone, a change which he explains by the assump- 
tion that the natural frequency of the fibers of 
the basilar membrane increases with amplitude. 
This increase in natural frequency of a group 
of resonating fibers results in a shift of the 
maximum of the response to a “lower” fiber. 
These conclusions are based on the theory of 
the vibrating string. 

Troland,* on the other hand, concluded that 
the effect of an increase in intensity would be 
to raise the pitch of a tone because it would 
result in a greater proportion of subjective 
harmonics. Troland, however, had no experi 
mental evidence to support this notion. 


3L. T. Troland, Psychophysiology, Vol. II, p. 222 (1930). 
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It is obvious that neither of these theories 
can account for the fact that in the case of low 
frequencies pitch decreases with intensity, wherea 
in the case of high frequencies pitch increaseg 
with intensity. It is also clear from the method 
in which the tones were presented in the present 
experiment that a change of pitch as a result of 
fatigue‘ cannot explain this phenomenon. 

The fact that the slope of the curves in Fig. 2 
changes from negative to positive in the middle 
range of frequency, where the ear is most 
sensitive in terms of minimal audible pressure, 
suggests that the phenomenon of pitch change 
is due to the resonant characteristics of the ear. 
One can say, in general, that the pitch of a 
tone is moved away from the region of greatest 
sensitivity when the intensity is increased and 
towards the region of greatest sensitivity when 
the intensity is decreased. Or, in terms of the 
position of maximal resonance of the basilar 


‘Georg v. Bekesy, L’Année Psychol. 31, 63-96 (1930). 
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Fic. 3. Showing the relation of the points at which 
pitch does not change with intensity to the points of 
maximum sensitivity of the ear. The curve S represents 
approximately the points at which pitch does not change 
with a change of intensity. The curves K and F-M repre- 
sent the minima of the equal loudness contours obtained 
by Kingsbury and by Fletcher and Munson, respectively. 


membrane, as computed by Fletcher,® the point 
of maximal stimulation is shifted towards the 
nearer end as the intensity is increased. In other 
words, the area in which no change of pitch 
occurs is approximately in the center of the 
membrane. 

The data on contours for equal loudness ob- 
tained by Fletcher and Munson® and by Kings- 
bury’ were examined to see if the frequency to 
which the ear is most sensitive changes with 
loudness level, in the same way that there is a 
variation of the frequency for which there is no 
shift in pitch. The minima of equal loudness 
contours are not sharply defined. However, by 
inspection it was determined that the minima 
of Kingsbury’s curves occur at the points repre- 
sented by the curve marked K in Fig. 3, and 
the minima of the curves obtained by Fletcher 
and Munson by the curve marked F-M. To de- 
termine the latter curve, F-/’s data on loudness 
level were plotted as equal loudness contours; 
the curve for minimal audible pressure obtained 
by Sivian and White? was used as the threshold 


5H. Fletcher, J. Acous. Soc. Am. 1, 311-343 (1930). 

6H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 5, 
82-108 (1933). 

7B. A. Kingsbury, Phys. Rev. 29, 588-600 (1927). 
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curve. At lower intensities the slope of the curve 
marked F-M becomes negative. It is clear from 
Fig. 3 that, at least at high intensity levels, the 
frequency at which there is maximum sensitivity 
changes with intensity in about the same way 
that the frequency changes at which no shift in 
pitch occurs with an increase in intensity. In 
other words, the two phenomena appear to be 
related in such a way as to justify the generaliza- 
tion that the pitch of a tone is shifted away 
from the region of greatest sensitivity by an 
increase in intensity, and vice versa. 

The failure of pitch to exhibit a one-to-one 
correlation with frequency means, on the basis 
of a resonance theory of hearing, that the point 
of maximal stimulation on the basilar membrane, 
due to a given frequency, changes position with 
changes of intensity. It seems certain that one is 
correct in attributing the change of pitch to a 
peripheral mechanism and in particular to a 
change in the spatial pattern of excitation in 


STEVENS 


the cochlea, since an examination of the electrica] 
impulses recorded from the auditory nerve of 
cats and guinea pigs has repeatedly failed to 
show a change in the frequency of the impulses 
when the intensity of stimulation is increased, 
For all except the high frequencies, nerve jm. 
pulses continue at all intensities to have the same 
frequency as that at which the ear is being 
stimulated. Therefore, the possibility that the 
pitch of tone is determined by the frequency 
of the impulses reaching the brain is definitely 
excluded, and with it the so-called ‘‘telephone” 
or “frequency” theories of hearing. It would 
seem, in fact, that the phenomenon of syn. 
chronized impulses in the auditory nerve (the 
Wever-Bray effect) is an interesting effect, useful 
in throwing light upon the nature of the activity 
of the cochlea, but having nothing to do with 
the determination of that discriminatory re- 
sponse which we call pitch. It is probably a case 
of a correlation without a causal connection. 
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I. INTRODUCTION 


T is known that the effect of two sources of 
sound having independent phases and radi- 

ating at the same instant, can be calculated by 
adding their intensities and then taking account 
of the Weber-Fechner logarithmical response law 
of the ear. If the two sources have equal in- 
tensities, the level will be increased by 3 db, if 
compared with a single one. This simple law was 
hitherto taken as the basis for acoustical 
calculations. 

In an article on room-acoustics* one of us 
draws attention to the fact that the above law 
does not hold if sources do not coincide in time. 
In this case, under conditions not known hitherto, 
it is possible that a greater sound impression is 
observed than would result from adding the 
intensities. Two examples were given. In a 
crescendo passage, often the number of voices in 
a choir is increased, which results in a great 
increase in sound impression. Fast passages in 
music often cause a loud impression, as the 
reverberation of the individual pulses adds to the 
later ones. 

In hearing speech or music in rooms there is 
still another factor of considerable importance. 
If two sources radiate the same music (or speech) 
with a constant time difference of more than 
about 0.06 sec., the performances are heard 
separately. This time lag corresponds to about 20 
meters in ordinary air. Naturally, this threshold 
of separation depends on the nature of the 
performance considered, hence the numbers 
quoted above are to be considered as approximate 
values. 

One is led to ask the question: Does the 
addition of energies or the addition of sensation 
levels or even an intermediate law hold in the 
0.06 sec. time lag, within which two sources are 
heard as a single one? 


*Strutt, Handb. d. Experimentalphysik 17, No. 2, p. 
460. 


Up to the present time, the first alternative 
was assumed to hold in acoustics. The examples 
quoted above already point to the fact that this 
law cannot hold exclusively. 

In studying the acoustics of the Burgtheater at 
Vienna some discrepancies between experimental 
and calculated values for speech articulation 
occurred and led one of us (Aigner) to a closer 
analysis of some halls with recognized perfect 
acoustic qualities. As an example take Salle 
Pleyel at Paris, having a volume of 22,000 cu. m 
and a reverberation time of about one sec. for a 
60 db decay in sound intensity, this reverberation 
time being approximately independent of fre- 
quency between 200 and 1500 c/s. Assuming a 
speaker emitting 10 microwatts one finds, 
neglecting the effect of the parabolic ceiling, a 
sound level of 36 db. This corresponds to an 
articulation of less than 75 percent, this latter 
value occurring at a 40 db level. In halls of this 
magnitude, the ratio of the sound intensity 
E, received directly from the speaker to the mean 
intensity E» is about Ez/En=1/3. Hence the 
level is: 


L=10 log (EatEn) = 19 log 4E,= 36 db. 


Taking into account the effect of the parabolic 
ceiling by E, and increasing the level to 40 db 
give: 


L’ =10 log (4E,+E,) =10 log (xE,) =40 db, 


whence E,=6E,. Now 40 db is a level, just 
sufficient for understanding speech, but by no 
means to be called good. An increase in level to 42 
db would already cause E, to be equal to 12 Eu. 
Hence in this case the sound reflected by the 
ceiling would be 12 times the direct sound, 
which seems improbable. 

In order to bring light into this problem, which 
was first stated in a letter by the first author to 
Strutt of February 9th, 1934, a series of measure- 
ments and experiments were carried out at 
Eindhoven as well as at Vienna. 





F. AIGNER AND M. J. O. 


II. MEASUREMENTS IN Rooms 


At Eindhoven these measurements were 
performed in a furnished room 9X4.5 m ground 
space and 3.5 m height. Reverberation time was 
about 0.8 second at 512 c/s. Fig. 1 shows the 
details. Three loudspeakers A, B and C were 
used. The speakers B and C were of equal type 
and make and connected to one radio set, whilst 
A was connected to a second radio set. The tone 
quality of A was very different from B and C. 
Distances were: AC=BC=7.5 m, DC=2 m, 
EA=2 m. At first a person, placed at D, could 
switch on any of the speakers. The radios were 
tuned to the same station and the levels so 
adjusted, that at D any one of the speakers, as 
measured with a level meter according to 
Barkhausen,* produced about 60 db. Automatic 
volume control of the radio sets maintained this 
level throughout the measurements. First A 
played and B was added. The level increased by 3 
to 4 db at D, in accordance with the law of 
addition of sound energies. The same result was 
obtained if B played and C was added or if C 
played and B was added. 

Hence, two sources of identical tone quality 
lead to energy addition with or without phase 
difference. If two sources of different tone 
quality (A and B) are heard without phase 
difference, again energy addition occurs. 

Quite a different effect is obtained by first 
having A on and then switching C in. A level 
increase of 10 to 12 db occurs. If C is on and A 
is added, again an increase in level of about 10 db 
takes place. Similarly, with the observer at E, if 
C is on and A is added, a level increase of about 
10 db is observed and this occurs also if A is on 
and C is added. 

The above experiments were carried out by 
two different observers, with several types of 
music (mandoline orchestra, jazz, songs). 

At Vienna, for the experiments, similar to those 
just described, a room of 8.25 <4 m? floor space 
and of 4.6 m height was used. The reverberation 
time was 1.2 sec. at 512 c/s. Two equal radio sets 


* The Barkhausen level meter or audiometer contains 
a buzzer, a small discharge tube to cause a wide sound 
spectrum, an attenuator and a telephone receiver. Its 
construction and use is very similar to the Bell Telephone 
Laboratory 3A audiometer, discribed in the article by 
E. E. Free, J. Acous. Soc. Am. 2, 22.(1930). 
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with speakers, having automatic volume control 
and tone quality switches, were tuned to one sta- 
tion. Again it was found, that a marked deviation 
from the energy addition law occurred, if differ- 
ent tone quality and time shift were present. 


Variations of time shift within the threshold of 
0.06 sec. could bring no marked alteration in this 
state of affairs. Both factors were, however, 
necessary to obtain the effect. 


III. \IEASUREMENTS WITH GRAMOPHONES 


In order to get a check on the above results we 
have carried out some experiments with gramo- 
phones. At Eindhoven a rotation disk of con- 
siderable weight was used, the velocity of which 
was stroboscopically controlled to be 78 revo- 
lutions/min. Two pick-ups could be placed on 
the same record at a distance between needles of 
about 1.5 cm and more. The diameter of the outer 
groove being 30 cm, 1 cm distance of the needles 
means 0.0078 sec. time difference, or 2.7 meters 
in air. The pick-ups were identical and connected 
to identical amplifiers and loudspeakers, the 
volume and tone quality of which could be 
controlled. 

Using different tone quality and equal indi- 
vidual loudness of the speakers, an increase in 
level of about 10 db was observed, if the distance 
of the needles was about 3 cm and the second 
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speaker added to the first one. If the distance 
between needle points exceeded 6 or 7 cm, the 
threshold of seperation was reached, the two 
speakers being heard separately. 

With equal tone quality and equal individual 
loudness, adding the second speaker, at any 
distance between needle points smaller than 6 or 
7 cm, an increase in level of about 3 or 4 db 
occurred. 

These experiments were carried out with 
different kinds of music and also with speech 
records, the results being essentially the same. 

At Vienna two identical gramophones with 
synchronous driving motors were used. They 
were mounted on the same base at equal height 
and one gramophone could be turned inde- 
pendently through 90° round the axis of the disk. 
The two rotating disks were coupled by a 
friction coupling disk, which allowed of starting 
the two gramophones at the same instant. The 
two gramophone disks had contacts, connected in 
series with a Neon tube and a battery. Now, the 
contacts were so adjusted, that the tube glowed, 
if the disks were at rest. After starting them and 
putting the two pick-ups at the beginning of two 
identical records, the one gramophone was 
turned until a periodic glow of the tube occurred. 
In this case no time difference between the two 
speakers connected to the pick-up amplifiers 
existed. Adding one speaker to the first one 
resulted in an increase in level ot about 3 to 4 db 
if: (1) no time difference and equal tone quality, 
(2) any time difference less than the threshold of 
separation and equal tone quality and (3) no 
time difference and different tone quality was 
used. But this level increase was about 10 db if a 
time difference together with a different tone 
quality was used. Now the difference in tone 
quality as well as the time difference were 
decreased, but the increase in level remained 
more than 5 db as long as difference in tone 
quality was clearly perceivable. No minimum 
time difference, below which the energy addition 
law would hold, was detected. Increase in level 
was found, however, to be greater, when the 
difference in tone quality was greater. 

Now both pick-ups were connected to the 
same amplifier and loudspeaker, whereby tone 
quality was controlled by shunting one of the 
pick-ups with a condenser. The time difference 
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between the two pick-ups was adjusted as 
described above. Adding the second pick-up to 
the first one gave an increase in sound level of 5 to 
10 db (the decibel meter allowing steps of 5 db 
only). This experiment shows, that the violation 
of energy addition is not due to some spatial 
effect, viz., the radiation by two speakers. A 
time difference combined with a tone quality 
difference suffices to show the effect. 

The experiment just described was checked at 
Eindhoven, the result being similar. 


IV. TENTATIVE EXPLANATION OF RESULTS 


We think that the above effects may be 
understood from the inherent inertia of the ear. 
A perception of sound is retained for a short 
time by the ear and is then. subsequently 
amplified by the next impulse. The total sensa- 
tion is due to the remainder of the first impression 
added to the subsequent pulse. This total 
sensation will often be greater than would 
correspond to energy addition. The measured 
important influence of tone quality does not bar 
this explanation. It was a long time assumed, 
following Helmholtz, that the phase of harmonics 
had no influence on the perception of sound. 
But recently E. K. Chapin and F. A. Firestone 
have found, that this phase may have an 
important effect on tone quality and on sound 
level. 

If a wall would reflect incident sound waves 
with exactly equal tone quality, the ear could 
scarcely discern the reflected sound from the 
direct one. At any rate a clearly audible tone 
quality difference would greatly help the ear to 
discern the two sounds. With no tone quality 
difference, an uninterrupted sound could evi- 
dently not be separated in direct and reflected 
sound. Hence one does not wonder, that tone 
quality difference causes a violation of the energy 
addition law, whereas this law holds for sounds of 
equal tone quality. The important role of tone 
quality difference also comes forward in the first 
example of the introduction, viz. increase of 
number of voices during a crescendo. 

It is emphasized that the above measurements 
give only a preliminary view in this unexplored 
region. Very much may still be done. Some 
questions which arise out of this work are: 
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Sound pulses of constant amplitude and pitch are 
given. What is the relation of pulse-duration, 
intervals, pitch and sensation level? Operating 
sound radiators giving definite amounts of 
harmonics, how is the sensation level affected by 
these harmonics? The effect of their phases could 
be explored separately. A systematic study of 
these questions would bring to light some 
information on the mechanism of hearing, at 
least on its inertia properties. An investigation of 
acoustic latent images, similar to the optical 
ones, would be useful. However, no space can 
here be devoted to describing methods for these 
proposed problems. 


V. CALCULATION OF Room ACOUSTICS 


In the light of the above results it seems 
necessary to alter the methods, which were 
hitherto used for the calculation of acoustic 
properties in rooms. Some of these changes, based 
on the above experiments, will be dealt with here. 

In order to obtain the resulting tone impression 
in a room, one proceeded hitherto as follows: 
(see Handbuch, p. 496). The aforesaid impression 
is due first to the direct sound Ez, second to the 
useful part of reflected sound, E,, which comes to 
the ear not later than 1/16 sec. after the sound 
was issued, third to the remaining part E, of 
reflected sound, coming later than 1/16 sec. 
and fourth to the noise level Eo. The impression 


Q = (Eat En) /(Es+ Eo). 


By the above measurements, the numerator of 
this expression is sure to be too small. Nothing 
definite can be said of the denominator. As a 
simple solution it is proposed to multiply E, by a 
factor f which is greater than unity. This factor 
depends on the reverberation time and on its 
frequency dependence, for this will affect the 
tone quality of reflected sound. Furthermore f 
will depend on the magnitudes of Ez and of E,. 
Numerically f will be between 1 and 5. The lower 
threshold for Q, giving a satisfactory sound 
impression will not be unity, as was hitherto 
assumed, but somewhat greater. 

In calculating the effect of special reflecting 
ceilings and walls, as in the example of the Salle 
Pleyel at Paris, a factor g will be placed before 
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the reflected energy correspondingly, g being 
about between 1 and 5. 

Practice must show whether these propositions, 
of course having a rather preliminary character, 
will suffice. It is hoped, that a rather large 
number of syllable articulation measurements 
might be performed in the future, in order to get 
a better notion of the various entities entering 
into the expression for Q. 


VI. SUMMARY 


This work is concerned with the following 
acoustical question: An acoustic performance 
(music or speech) is radiated by 2 sources, having 
a definite phase difference, independent of fre. 
quency and moreover having different tone 
qualities. What quantities should be added in 
order to get the resulting impression of sound: 
the energies radiated, or the separate impressions 
by the sources. In other words: is one to add 
energies or decibels? 

In room acoustics this question arises in con- 
nection with the calculation of the amplification 
of direct sound, caused by reflections from 
ceilings, walls, etc. Several experiments and 
measurements in rooms and with gramophones 
led to a definite, though not complete answer on 
this question. If two sources have a phase 
difference smaller than the threshold of separa- 
tion (0.06 sec.) and at the same time a marked 
difference in tone quality, the resulting sound 
impression is greater than would result from 
adding their energies. Thus energy addition with 
two sources of equal loudness compared with one 
single source would give 3 db increase of level, 
whereas increases of the order of 10 db were 
often observed. Some applications of these 
results in room acoustics are mentioned. 
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Some Applications of Modern Acoustic Apparatus* 


S. K. WoLF AND W. J. SETTE, Electrical Research Products, Inc. 
(Received June 28, 1934) 


INTRODUCTION 


ITHIN the past two years there have 

been developed at the Bell Telephone 
Laboratories several electro-acoustic instruments 
designed to facilitate accurate measurement of a 
wide variety of acoustic phenomena. Three of 
these instruments are: an automatic level re- 
corder, a crystal analyzer, and an acoustic 
spectrometer. Some of the types of acoustic 
studies for which these modern devices are well 
adapted may be of general interest and hence 
specific applications made at Electrical Re- 
search Products will be described here. These 
include reverberation measurements, loudspeaker 
response measurements, noise analyses, piano 
tone analyses, and studies on the singing voice. 
A brief description of the operating character- 
istics of the instruments will first be given. 

As its name suggests, the automatic level 
recorder automatically produces a record of 
sound pressure levels as they fluctuate at a 
point. Fig. 1 is a photograph of the meter, 
set up for synchronous operation with a beat 
frequency oscillator. Excluding the oscillator, 
there are three separate units: the recording 
unit proper, its associated amplifier, and a power 
supply unit. A moving coil microphone is used 
as the sound pick-up. Its output is amplified, 
rectified, and made to drive a stylus which re- 
cords the pressure level variations, in decibels, 
on a moving strip of waxed paper. The recorder 
intensity range is 60 db, and the frequency 
range extends from below 30 to above 10,000 
cycles. The sensitivity of the stylus may be 
adjusted to follow intensity level changes of 
from 0-45 db per second to from 0-360 db per 
second. The speed of the moving paper may be 
varied by factors of four from 3/64’’ per second 
to 3’ per second. By driving the paper and 
oscillator frequency control synchronously, the 


* Presented at the Acoustical Society Meeting, April 
30, 1934, 

1E, C. Wente, E. H. Bedell and K. D. Swartzel, J. 
Acous. Soc. Am. 5, 65A (1933). 


horizontal axis may be made frequency instead of 
time. 

The crystal analyzer is of the modulator, 
filter, demodulator, rectifier type. The i incoming 
signal and a variable frequency pure tone are 
heterodyned and their product is applied to a 
band pass crystal filter.'* This output is, in turn, 
demodulated and fed into either the automatic 
level recorder or a sound intensity meter. Two 
separate filters are incorporated, one giving a 
band width of 20 cycles, and the other a band of 
200 cycles. The frequency range extends from 
40 to 11,000 cycles with the response constant 
within about 2 db. Fig. 2 shows the analyzer, 
with a sound meter on the left. In conjunction 
with the level recorder, the analyzer permits 
investigations of varying sound pressures within 
a narrow band of frequencies. 

The acoustic spectrometer was described in a 
paper presented by Dr. C. N. Hickman at the 
last meeting of the Acoustical Society.? It em- 
ploys 144 reeds, each responding to a different 
frequency. The lowest reed frequency is 50 
cycles, the other reeds being tuned at progres- 
sively increasing frequencies with a 2.93 percent 
interval; i.e., there are 24 reeds per octave. 
The maximum frequency is 3109 cycles. The 
reeds are adjusted to give equal response for 
equal input voltages when connected in series 
across a 600 ohm line, the deflections being 
proportional to the voltages and therefore to 
sound pressures at the pick-up microphone. 
Minute concave mirrors on the reeds focus light 
on a translucent screen for direct observation of 
their amplitude of motion. Alternatively, a 
photographic attachment permits permanent 
records to be obtained. Fig. 3 shows, a photograph 
of the acoustic spectrometer or read’ analy zer. 


REVERBERATION MEASUREMENTS 


By nature, the automatic level recorder is 


ideally suited to the measurement of sound decay 


la W. P. Mason, Bell Sys. Tech. J. 13, 405 (1934). 
2C, N. Hickman, J. Acous. Soc. Am. 6, 54A (1934). 
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Fic. 1. High speed level recorder set-up for operating synchronously with oscillator. 





Fic. 2. Crystal analyzer. Sound meter at left. 


in auditoriums and reverberation chambers. 
When so used, it gives a continuous record of the 
decay, in decibels, as a function of time, an 
outstanding advantage over previously available 
means. The crystal analyzer is usually used 
jointly in order to suppress extraneous noises, 
thus extending the length of the measurable 
decay. To obtain a space average rate of decay 
with a single measurement, six microphones at 


different positions are connected to the recorder 
in rapid sequence through a rotating switch, each 
for a small fraction of a second. By means of this 
combination of apparatus, it is possible to ob- 
tain quite complete reverberation data in a 
comparatively small amount of time.* 


3G. T. Stanton, F. C. Schmid and W. J. Brown, Jr., 
J. Acous. Soc. Am. 5, 221A (1934). 
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auditoriums.’ For this purpose, three Moving 
coil type microphones are placed at representa. 
tive positions in the theater and connected to the 
level recorder through the rotating switch. The 
frequency of the signal supplied to the speakers 
by the oscillator increases in a known manner 
with the movement of the paper past the re. 
corder stylus. Since the oscillator used has 
known output power characteristic, the curve 
described by the stylus corresponds to the fre. 
quency characteristic of the electro-acoustic 





Fic. 3. Acoustic spectrometer. — nocenet Say 0 lpadepesier—auiivieni - 
microphone combination. The fact that 4 sour 
continuously varying frequency and three micro- rear 

As an illustration of the results obtained with phones are employed tends to diminish the freq 
the instrument, there are shown in Fig. 4 sound possibility of variations due to standing waves, mer 
decay curves for warbled and steady tones for Proper selection of positions for the microphones can 
one microphone and for six microphones me- also aids in minimizing standing wave effects, plac 


chanically averaged by means of the rotating Usually our measurements concern overall sys- 
switch. The irregular modes of decay pictured tem response, i.e., include preliminary and power 
here were long suspected but could not be amplifiers and equalizing circuits as well as 


demonstrated with previous reverberation meas- loudspeakers. Three microphones of equal sensi- T 
urement methods. tivity are used. Once the equipment is set up, a nor 
complete run can be made in less than a minute Wh 


of operation. 

Fig. 5 is typical of the curves traced by the 
The level recorder, in conjunction with a_ level recorder. Superimposed on the major 
synchronously driven oscillator, offers a con- trends of the curve there are numerous irregulari- 
venient method for performing response measure- _ ties of minor significance. These may be avoided 
ments on loudspeakers as installed in theaters or by the use of decreased variation sensitivity for 
the recorder stylus. The major variations indi- 
a : cate the presence of any resonances or anti- 
resonances as well as the general trend of the fre- 

= quency characteristic. 


LOUDSPEAKER RESPONSE MEASUREMENTS 


Relative Pressure Level - DD 














= Figs. 6 and 7 show the effect of placing the Fic 
Seip pick-up microphones at the front and the rear of 1 
SS. SERGI. 5 two different theaters. In these curves, correc- 
sommes St _—— tions for microphone and oscillator character- 
istics have been made, random incidence on the 
microphones being assumed. Theater A is small, | 
— . of the stadium type and comparatively live. 3 
As a result, there is little difference between the | 
levels existing at the front and rear. It will be | 
i observed that the variations with frequency for 
the two conditions are in good agreement. 
= 7 seca) Theater B is also small but considerably more 
No Warble No Warble dead than A, and a different loudspeaker system 
FE rete ny mien etienatiine is employed. Because of its deadness (the ceiling " 


is highly damped), and its architectural type, 
Fic. 4. Sound decay curves showing effects of warbled tone =9————— ‘ ceed 
and multiple pick-up. Reverberant church—500 cycles. 4S. K. Wolf, J. Soc. Mot. Pict. Eng. 22, 242 (April, 1954). 










‘ing 
ita. 
the 
The 
cers 
ier 


irve 








RESPONSE IN 08 





APPLICATIONS OF MODERN ACOUSTIC APPARATUS 








3000 4000 $000 6000 7000 8000 9000 


FREQUENCY-CYCLES PER SECOND 


Fic. 5. Uncorrected loudspeaker system response characteristic. 


and also because of the “‘flaring’’ of the sound 
sources, the variation in levels between front and 
rear is much more pronounced. However, the 
frequency characteristics are also in good agree- 
ment. The variation between the front and rear 
can be partially compensated for by the proper 
placement of directional loudspeakers. 


NolisE ANALYSIS 


The crystal analyzer is used for the analysis of 
noises whose character remains constant in time. 
When the noise is composed of a number of dis- 
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Fic. 6. Loudspeaker system 
Theatre A, ——-— rear orchestra; 
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Fic. 7. Loudspeaker system 
Theater B, -—-— rear orchestra; 





crete major components, the 20 cycle band is 
usually used in order to locate accurately their 
frequencies, as well as to resolve components 
approximately equal in frequency. An illustra- 
tion of the application of the 20 cycle band is 
given in the first curve of Fig. 8 which represents 
the analysis of the buzzer tone of the 3-A audiom- 
eter. The regular harmonic structure of the 
tone is readily apparent. This and the two as- 
sociated curves were made with the crystal an- 
alyzer and the automatic level recorder operating 
synchronously. 

When the noise is more in the nature of an 
indiscriminate mixture, either the 200 cycle 
band or the 20 cycle band may be used. However, 
the use of the 20 cycle band brings out more 
clearly any major components and thus aids 
arriving at recommendations for noise reduction. 
This will be seen by glancing at the lower two 
curves of Fig. 8. The important discrete frequen- 
cies are shown with their natural sharp accentua- 
tion. 

The application of such measurements in noise 
reduction is demonstrated in Fig. 9. Tests were 
made on a small electric motor using hard and 
soft commutator brushes. The motor speed was 
4000 r.p.m. and there were 24 commutator 
segments. We, therefore, should expect a series 
of components beginning at 1600 cycles. These 
show up plainly when the hard brushes are used. 
Their amplitude is greatly diminished in the case 
of the soft brushes. For these measurements, the 
microphone was located in the vicinity of the 
commutator. The analyzer 200 cycle band was 
used and a sound meter with a 40 db loudness 
contour characteristic served as the intensity 
level indicator. In the curves, this weighting has 
not been removed. 
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Fic. 8. Examples of crystal analyzer-level recorder measurements. 


INVESTIGATIONS ON PIANO TONES 


The remaining measurements to be described 
were made in the studio laboratory, shown in 
Figs. 10 and 11. Fig. 10 shows the studio proper 
with sound diffusing panels on the side walls. 
Fig. 11 looks into the associated acoustically- 
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Fic. 9. Spectra of noise from small motor. ---— hard 
brushes; —— soft brushes. 


dead room whose reverberation time is less than 
one-tenth of a second. The photograph also 
shows the monitor window, looking into the 
laboratory housing most of the apparatus neces- 
sary for the tests under consideration. 

The piano was a small grand of a well-known 
make. The characteristics investigated were 
relative sound pressure level as a function of 
pitch, rates of decay of whole and partial tones, 
and harmonic composition. For most of the 
measurements, the piano was placed in the dead 
room. The keys were struck with constant mo- 
mentum at given intervals by an electromechan- 
ical device especially constructed for such work. 
The investigations described here are offered 
merely as samples of the applications of our 
instruments and not as complete acoustic studies. 

The intensity measurements were for peak 
values, as indicated by a volume indicator gal- 
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Fic. 10. Studio of acoustics laboratory. 


vanometer with a one-fifth second time constant. 
The curve given in Fig. 12 represents the average 
of readings taken at eight different microphone 
positions, including two directly underneath, two 
above the sounding board, and four removed to 
distances of two or three feet. Readings were 
made for the C and G notes throughout the scale. 
The microphone was of the moving coil type 
with an amplifier substantially flat in its char- 
acteristic from 60 to 10,000 cycles. In all but one 
instance, the top was removed from the piano. 
The notation corresponds to that proposed by 
the Standardization Committee in their report 
of January, 1931, with co=1 cycle per second. 

It will be noted that above G above middle C, 
ie., gs, the acoustic output falls off in a uniform 
manner. Throughout the lower and lower middle 
ranges the level is relatively constant. The 
cyclic variation in intensity appearing in the 
lower range appeared to a greater or less extent 
in each of the individual runs. The pronounced 
droop in the response for the highly damped 


upper notes was observed also with level re- 
corder measurements. 

With the automatic level recorder, the decay 
rates were measured for the same sequence of 
notes. Some samples of the data are shown in 
Fig. 13. In general, the decays are not exponen- 
tial, i.e., linear on a db scale, their form depend- 
ing on the relative tuning of the component 
strings, interaction of the strings and sounding 
board, microphone position, etc. The decays 
of single string low-pitched notes are more nearly, 
although not always, exponential. Frequently, a 
relatively sharp initial drop was followed by a 
more leisurely mode of decay. Aperiodic recur- 
rences of the tone were observed even immedi- 
ately after the piano had been retuned. Ap- 
proximate evaluations of the modes of decay for 
the C and G notes are shown in Table I. These 
results are based on observations made at three 
microphone positions: one immediately over the 
center of the sounding board, and two at diagon- 
ally opposite corners of the piano elevated about 
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proximate fashion, and the rates of decay com. 
puted. 

Harmonic analysis of a piano tone is compl. cg 
cated by the fact that the tone is in the nature of 


“et 
a shock excitation, the various partials decaying | 
at their own rates. A thorough analysis would a 
} require a complete history of decay for all the 
partials, properly phased with respect to each tl 
; 0 


other. Another complication is introduced by the 
fact that the position of the pick-up microphone intel 












































influences the results. Where only the peak each 
values of the partials are of interest, the acoustic whil 
spectrometer is applicable. Fig. 14 shows analyses i 
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Fic. 12. Relative sound pressure level produced by piano; Fic. 13. Specimen decay curves for piano tones. effe 
average of eight microphone positions. 
sum 
TABLE I. Time in seconds for decay to indicated pressure _ 
18” from the sounding board. The decay curves levels relative to initial peak. 
obtained at these different positions were usually - 
similar in form but differed in detail. Two read- Ne — 1040 —_— eer — 
ings were taken at each position for each note, te +. = Pe oa 
differences in detail appearing here also, ap- *° 24 44 11.8 18.5 
parently due to variations in the striking force. ge “€ a =" iP 
To obtain decays extending over a range of 40 ms 12 23 90 113 
db above noise interference, it was necessary ¢s 0.44 2.0 5.3 8.8 
to strike with fortissimo intensity for some notes, °° . Te -3 7 
and, accordingly, all notes were so struck. How- &: = i. 2.8 = 
ever, in spite of this precaution, only 20 db a “40 0.91 13 1.8 
ranges were measurable for gi; and cz. From the = cu 21 42 0.63 0.84 
values given in Table I, the averages of the i 7 el Fig, 
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Fic. 14. Harmonic composition of piano f; for three striking 
intensities. 


of the note F below middle C made at striking 
intensities corresponding to pp, mf, and ff. In 
each instance, the note was struck repeatedly 
while the photograph was being exposed in an 
attempt to simulate steady state vibrations at 
the respective intensities. The input levels to the 
spectrometer were maintained approximately 
constant. Comparison of the relative amplitudes 
of the partials in the three cases reveals varia- 
tions in the harmonic composition of the tones. 

The crystal analyzer and automatic level 
recorder in combination are adequate to obtain 
a complete analysis of a tone at a point (except 
for phase) as it decays. The type result obtain- 
able is illustrated in Fig. 15. The partial tone 
corresponding to a pitch of g» was selected from 
each of the indicated tones by means of the 20- 
cycle filter. The irregular modes of decay pic- 
tured there are the rule rather than the exception. 
Somewhat similar results were obtained even 
with single string notes. It will be appreciated 
that a slight shift in the tuning of the funda- 
mental modes of a given note causes a consider- 
able frequency difference in the higher partials 
and beats should result. The observed beating 
effect is also, in part, probably due to the as- 
sumption by the sounding board of variable 
modes of vibration. 
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Fic. 15. Modes of decay for partial tones in vicinity of 780 
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STUDIES OF THE SINGING VOICE 


Application of the instruments to studies on 
the singing voice has brought to light some 
interesting information, a detailed discussion of 
which will be given in the near future. For the 
present, we will limit the discussion to the types 
of results obtainable with the instruments. The 
automatic level recorder is well adapted to 
investigation of the intensity variations occur- 
ring when a tone is modulated by vibrato. The 
fluctuation in intensity level may be as much as, 
or more than, 10 db in extreme cases, or a matter 
of only 3 db or less where the vibrato is subdued. 
Where no vibrato (or trill) is present the intensity 
is uniform. The vibrato frequency ranges from 
4.5 to 7 cycles per second. For these measure- 
ments, the singers were located in the dead room 
at relatively small distances from the pick-up 
microphone. The effects of standing wave pat- 
terns were thus minimized. Some typical records 
are shown in Fig. 16. The extent of the fluctua- 
tion in frequency occurring in a vibrato tone is 
demonstrated in Fig. 19. In exaggerated instances 
the frequency may vary two whole musical tones, 
i.e., over eight of the reeds, which are spaced a 
quarter of a tone apart. 

Measurements were made on the total voice 
power output of four male singers singing at 
full volume, using the level recorder previously 
calibrated against a standard sound meter. 
Computations were made on the basis of the 
inverse square law, i.e., it was assumed that the 
radiated acoustic power was comparable to that 
from a point source. The results in db relative to 
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Fic. 16. Examples of voice vibrato and crescendo. 
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1 microwatt are plotted in Fig. 17. The vowel 
t was ah. Where vibrato was present, an ay. 
d erage value was taken. The output appears to 
increase with pitch although a maximum jg 
“ reached, after which the level falls away. For any 
4 one subject, the progression was not a smooth i’ 
= one, i.e., there were ‘‘resonance peaks” at certain 
Y frequencies. Deviations from the average were as track 
5 much as 5 db. One singer on a high note attained the s 
z the value of 50 db, i.e., radiated 1/10 watt of tions 
3 acoustic power. This compares with the value of so th 
7 10 microwatts given by Fletcher for normal the 
speech and 1000 microwatts for extremely loud durin 
SINGING PITCH speech average powers.® are S 
Fic. 17. Average acoustic power radiated by male voices Fig. 18 illustrates the application of the reed regis’ 
singing full volume; average of four singers. analyzer to the determination of vowel quality, Tk 
The vowel ee was sung with three different made 
es peer intonations: “‘bright,’’ ‘‘normal’’ and ‘‘dark.” of th 
Anais siaiitiniaiintinininlitininnannmnmnaairicmaivsisiiitie, imtne Bright veniition, the vowel i: cic by 
oe accented and rather harsh and piercing; the nom 
EE ae RO OO eT EN me normal corresponds to the word ‘“‘weep,”’ and the with 
sits dark is more like the French wu. It will be ob- edge 
eee | ee |) served from the chart that brightening the vowel regis 
Fic. 18. Variation in harmonic composition with change of anne ot et energy estapars the high fre. = 
vowel color; vowel ee. quencies and that darkening it is characterized appe 
by a great deal of energy in the lower frequencies vibr 
rae , of the tones. we | 
* acini. cain To show how the characteristic vowel fre- we 
Genet remit entimnnnn quency bands appear, no matter what the sing- any' 
ing pitch, readings were made for the vowel bort 
eee eee en) | Cee ah at See tentumentsl frequencies spaced , subj 
FF ee |e eS en half octave apart. The results are shown in Fig. wha 
, 19. Most of the energy remains concentrated in dedi 
SEER oe | am the frequency band from 750 cycles to 1200 cycles t 
nie in debates naelachiait Ghia aialiainiiibila. with scattering amounts in the vicinity of 2000 that 
cycles. we 
Fig. 20 shows data obtained with six different defi 
bur nate Ge imate See noe singers all singing the vowel ah at a pitch of havi 
middle C. The first three readings are for the suc] 
saci eee same singer with the vowel being given three E 
ee scion siglicnsipeilippeiicidicnasinitn intonations: dark, normal and bright. It will be 00 ' 
noticed that the fifth chart indicates the presence of | 
” ee ee of a great deal of energy in the neighborhood of The 
Dsccnndesciiliaecntieinintiaacnianesacieslelltsilaenimiainanitidiliiie 2500 cycles, i.e., outside of the characteristic wa’ 
vowel band. The sixth chart was obtained with the 
i: aaa iailinidiatatila aa eal a singer who possessed no frequency vibrato. rat 
i The seventh and eighth charts represent observa- we: 


tions on two female voices. 
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Fic. 20. Spectra for vowel ah; three colors and six singers. °H. Fletcher, Speech and Hearing, pp. 67, 68. 
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VOLUME VI 


Film Tracks of English Vowels 


E. W. Scripture, London 
(Received September 1, 1934) 


ALKING films contain a sound track that 

runs along one of the edges. To make the 
track a microphone is placed in front of or near 
the speaker. The sound waves produce varia- 
tions in the electric current and deflect a mirror 
so that the track varies in width. The edge’ of 
the track registers the vibration of the air 
during the sound. The demands of film technique 
are so stringent that the sounds of speech are 
registered with great accuracy. 

The film tracks reproduced in Fig. 1 were 
made by special request through the courtesy 
of the R. A. C. Photophone Company, London, 
by means of the standard wire loop galva- 
nometer. The speaker was a native of London 
with no special dialectal peculiarity. The upper 
edge of the track is the curve of vibration. It 
registers the movements of the air particles 
across their positions of equilibrium. Speech 
appears in these tracks purely as a form of 
vibration. To avoid presuppositions and illusions 
we must begin the study of these tracks as if 
we had never known and never could know 
anything about sound, that is, as if we had been 
born deaf and had never read anything on the 
subject. Our conclusions must be based solely on 
what we see in the curves or on what we can 
deduce from our observations by the eye. 

In examining speech tracks we find portions 
that show very prominent waves. Such a portion 
we term a vowel stretch. This means that we 
define a vowel stretch as a portion of speech 
having strong vibrations. The beginnings of ten 
such vowel stretches are shown in Fig. 1. 

Beginning our study with the track marked 
00 we find that it is composed of a succession 
of bits each of which contains two large waves. 
The first of these waves is stronger. The second 
wave is weaker; it fades out entirely at or before 
the end of the bit. There are shorter waves of 
rather complicated forms that appear only 
weakly. The track marked (ch)oo is seen to be 
made up of a series of bits of somewhat similar 


shape. In each bit a wave movement appears 
that is repeated somewhat more than twice or 
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even three times; it starts strong and fades out 
before or at the end of the bit. There is also a 
fine wave that is repeated many times within a 
bit; it starts strong and fades out at the end of 
the bit. The track marked ee shows a series 
of bits with a long double wave in each one. 
This wave starts strong each time and fades out 
completely before the end of the bit. It is a 
striking peculiarity that the second wave is 
longer than the first one. Several sets of very 
strong and very fine waves are present; they 
start strong in each bit and fade out completely 
before the end of the bit. 

Continuing with the observations on the tracks 
in Fig. 1 we find that they lead to the following 
conclusions. 

(1) A vowel stretch is composed of a series of 
contiguous vibratory bits (vowel bits). 

(2) Each vibratory bit consists of a vibratory 
movement that starts strong and fades rapidly. 

(3) The form of vibration within the bits 
changes gradually and progressively from bit 
to bit. 

A vibration of the kind found in the vowel 
bits is termed a free vibration. Its amplitude 
depends on the force that starts it; its period 
and its decrement depend on the factors of the 
vibratory system itself. If a vibratory system is} 
forced into vibration by some other vibratory 
system, it must vibrate with the period of the 
enforcing system and not with its own period. 
When the forced vibrations stops, the system 
continues its movement as a free vibration. As 
long as the enforcing vibration is present, there 
can be no decrement; the registration of an 
enforced vibration shows a constant amplitude. 
As the vowel bits contain only free vibrations, 
no phenomenon of resonance could have been 
present. A free vibration can be aroused only by 
an impulse that acts for a moment and then 
leaves the system to itself. 

The difference between free and forced vibra- 
tions can be illustrated by a flat steel spring 
held in a clamp with its free end against a re- 
volving cam. It is forced to vibrate with the 
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period and amplitude of the cam and without 
decrement. The moment the cam is removed it 
vibrates with its proper period, amplitude and 
decrement. When it is bent aside and released it 
executes likewise a free vibration. A blow with a 
hammer also produces a free vibration. 

Further observations of the tracks in Fig. 1 
lead to the following conclusions. 

(4) The periods of the free vibrations within a 
bit change slowly within the bit. 


(5) These periods change gradually from bit 
to bit. 

(6) The decrement changes from bit to bit. 

(7) The interval from the beginning of one bit 
to that of the next changes steadily throughout 
the vowel stretch. 

To produce a vowel bit the vocal organs must 
provide a vibratory system and a momentary 
impulse. The vibratory system is found in the air 
of the vocal cavity and the impulse in a puff of 
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air from the glottis. To produce the various 
forms found in the bits the vocal cavity must 
undergo changes in its shape, size and openings. 
The decrement depends on the character of the 
walls of the cavity. To produce the puffs the 
yocal lips (vocal cords) close and open across 
the glottal slit. The puff cannot make a record 
on a sound film because it is a mass movement 
of air that is dissipated immediately in front of 
the face. The speech track contains a registration 
of the cavity vibration only. 

This view of the production of the vowel 
vibrations is not a theory; it is merely a fact 
that appears to the eye in every vowel curve. 
It was established by Willis (1830) and accepted 
as self-evident by Helmholtz (1862). 

The hypothesis that vowel vibrations are due 
to resonance (Wheatstone) is contradicted by 
every fact known concerning the vowels. A 
resonant vibration is necessarily maintained for 
at least a time; the vowel curves all show that 
the vibration is never maintained for even the 
briefest instant. The enforcing vibration must 
appear as the result; no vowel curve ever shows 
a trace of either the fundamental or a harmonic 
of an enforcing vibration. 

Mathematical expressions for the vowel vibra- 
tions are needed. A Fourier analysis expresses a 
curve of any kind (with two exceptions) as the 
sum of a series of harmonic waves of sinusoid 
form. The curve may be only a point, a piece of 
straight line or the profile of a face. If correctly 
applied the method gives accurate results. The 
analyses made by Hermann, Crandall and Miller 
show that neither the fundamental nor the next 
higher harmonics are ever present in vowel bits 
and that the harmonic components appearing in 
the results group themselves around inharmonic 
values for which the analysis makes no provision. 
All the analyses without exception show that 
a vowel bit consists of a free vibration whose 
component periods bear no relation to the 
duration of the bit. This information, however, 
can be more easily obtained by simple observa- 
tion of the curves. The analysis fails to give any 
details concerning the nature of the vibration. 
For a simple sinusoid vibration with a single 
frequency but with a decrement the analysis 
does not give a value for a single component but 
values for all components. These values are 
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greatest over a group of components but the 
grouping depends on the size of the decrement 
and there is no method of calculating the single 
component from them. For a complicated vibra- 
tion with decrement the analysis gives values 
scattered all over the range of components with 
no possibility of extracting any definite informa- 
tion. An entirely new method of analysis is 
needed. I have made a first attempt in this 
journal.! 

We will begin the comparison of the tracks in 
Fig. 1 by attempting to describe them as we 
would a series of profiles of faces. It will be of 
advantage to speak of the form of the vibration 
of a bit as its profile. 

We first notice that the profiles in each single 
track are similar but not the same. Each of the 
tracks has its own type of profile. There are 
some resemblances among these types but along 
with the resemblances there are very distinctive 
differences. 

If the small projections on the main waves in 
the track marked oo could be rubbed off, the 
track would show a series of round waves 
occurring in pairs. The first wave in each pair 
would be the taller one. The second wave would 
not be so tall and would fade away just before 
the end of the space for each pair. The form of 
the waves is not that of two waves with the 
same period but of a wave motion with a gradu- 
ally lengthening period. The small points on the 
larger waves have rather complicated forms but 
they are extremely weak. Such long large waves 
and such faint short waves are not found in any 
of the other tracks. The fact that in the 9th, 
10th, 11th pairs of waves the second wave is 
smaller than the first one indicates that the 
decrement is increasing as the vowel progresses. 
We might characterize this vowel as consisting 
of pairs of almost smooth vibrations of low 
frequency with only faint vibrations of high 
frequencies. 

In the registration of (ch)oo the track for each 
bit looks like a number of moderately rapid 
vibrations mounted on three slower vibrations. 
They all start strong and fade out rapidly. The 
very high frequencies are extremely weak. 

The track for ee looks as if many fairly 
strong vibrations of very high frequencies were 


1 Scripture, J. Acous. Soc. Am. 5, 148 (1933). 
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mounted on a fairly strong vibration that occurs 
only twice in each bit. 

The track for (th)z(ck) shows a rather strong 
vibration with three waves to a bit. The more 
rapid vibrations seem to have frequencies be- 
tween those of (ch)oo and ee. 

The vibrations in the track for oh differ 
completely from the preceding ones. Vibrations 
of very high and moderately high frequencies 
are present but they are so faint as to be hardly 
visible. The main fact seems to be the presence 
of a strong vibration that is repeated 6, 5 or 4 
times within a bit. Its complicated form indicates 
the presence of other elements with frequencies 
that are not very much higher. 

In the track for aw the vibrations of very 
high frequency are extremely faint. The main 
element seems to be a wave movement that is 
repeated 5 or 4 times in each bit. Its form shows 
the presence of other wave movements of 
moderately low frequency. 

The track for (h)er shows four moderately 
strong waves in each bit. The very high vibra- 
tions mounted on these waves are not very 
strong. 

The track for ay shows 9, 7 or 6 moderately 
strong waves to a bit. Strong waves of extremely 
high frequencies are mounted on them. A de- 
tailed consideration of this track has appeared 
in this journal.' 

In the track for ah the rather slow waves 
play a less prominent part than in any of the 
other tracks in Fig. 1. There are 5 or 4 such 
waves to each bit. Waves of extremely high and 
of moderately high frequencies are prominent. 

In its first portion the track for a(m) shows the 
vibrations somewhat resemble those for ah. 


SCRIPTURE 





Later the very high frequencies predominate. 
More detailed information may be obtained by 
assigning the centroids and measuring the dis. 
tances between apexes as indicated in the article 
already published in this journal.'! This work 
must, however, be left for some future occasion, 
Investigators have been puzzled by the fact 
that they hear‘a tone—the voice tone—with a 
pitch corresponding to the frequency with which 
the bits appear. When the teeth of a rotating 
wheel strike against a card a snap is heard from 
each tooth as long as the wheel rotates slowly. 
As the rotation becomes more rapid there, a 
point is reached above which a tone appears, 
Physically nothing new has been added. The 
physical phenomenon remains a series of sharp 
movements of the air; a vibration with the 
frequency of the snaps has not been added. The 
tone is a sensation aroused in the hearer by 
the frequency of the snaps. The tone is a psycho- 
logical experience; the frequency of the snaps isa 
physical number. A repetition of any sound im- 
pulses with a frequency above a certain point pro- 
duces the sensation of a tone. The repetition of 
the vowel bits produces the sensation of a voice 
tone. There is no voice tone in the vibrations 
themselves. When Hermann failed to find a 
vibration in his tracings from phonograph curves 
corresponding to the voice tone that he could 
hear, he declared that his phonograph must be 
deaf to voice tones. Fletcher found that he could 
filter out any or almost all the frequencies from 
the vibrations for ah and yet could hear the 
voice tone as long as anything was left. This he 
explained by saying that the voice tone is added 
by the ear. If by the ear he meant the sense of 
hearing the explanation is undoubtedly correct. 
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VOLUME VI 


Extraneous Frequencies Generated in Air Carrying Intense Sound Waves 


A. L. Tuuras, R. T. JENKINS AND H. T. O’NeEt, Bell Telephone Laboratories 
(Received October 11, 1934) 


ECENT developments in horn type loud- 


speakers! for high quality reproduction of 
intense sounds necessitate a consideration of the 
more exact equations of wave motion if dis- 
tortion due to the generation of extraneous 
frequencies in the air of the horn itself is to be 
avoided. Similar considerations may be of some 
importance in connection with the pick-up of 
intense sounds. 

The propagation of waves of finite displace- 
ment has interested physicists for more than a 
century. In 1808 Poisson derived an equation 
which shows that, in general, a sound wave 
cannot be propagated without a change in form 
and consequent generation of additional fre- 
quencies. This distortion is caused by the non- 
linearity of air; that is, if equal positive and 
negative increments of pressure are impressed on 
a mass of air the changes in volume of the mass 
will not be equal; the volume change for the 
positive pressure will be less than the volume 
change for the equal negative pressure. An idea 
of the nature of the distortion can be obtained 
from the adiabatic curve AB for air as given 
in the familiar volume pressure indicator diagram 
(Fig. 1a). The undisturbed pressure and specific 
volume of air are indicated by point PoVpo. 
Any deviation from the tangent through this 
point causes distortion and consequent genera- 
tion of extraneous frequencies. The theoretical 
magnitudes of the waves of extraneous fre- 
quencies are obtained from a solution of the 
exact differential equation of wave propagation 
in air. The solution shows that the pressure of 
the second harmonic frequency, which is gen- 
erated in the air, increases with the frequency 
and the magnitude of the fundamental pressure 
and also with the distance from the sound 
source. The solution also gives the magnitudes 
of the waves of sum and difference frequencies 
generated when two tones are simultaneously 
impressed on the air; these magnitudes also in- 
crease with distance from the source and with 





'E. C. Wente and A. L. Thuras, Loud Speakers and 
Microphones, Bell Sys. Tech. J. 13, 259 (1934). 
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the product of the fundamental pressures and, 
respectively, with the sum and difference fre- 
quencies. 


THEORY OF PROPAGATION OF PLANE WAVES OF 
FINITE AMPLITUDE 


The derivation of the exact differential equa- 
tion for sound wave propagation in air involves 
the continuity equation, Newton’s force equation 
and the equation expressing the relation between 
pressure and specific volume in a gas. Since there 
may be some question as to the accurate defini- 
tion of the density and force in the equation of 
motion a somewhat detailed discussion of this 
subject will be given. 

Following Rayleigh,? let y and y+(dy/dx)dx 
be the actual distances at time ¢ from the plane 
x=0 to neighboring layers of air whose un- 
disturbed positions are defined by x and x+dx, 
respectively, Fig. 1b. The displacement corre- 
sponding to y is thus £=y—.x and the equation 
of continuity of the fluid is 


p= po(dy/dx)—! = po(1+dé/dx)—, (1) 


where p and po are the densities of the fluid in 
the disturbed and undisturbed states, respec- 
tively. If the effect of viscosity is neglected the 
exact equation of motion of the element of mass 
p(dy/dx)+dx is 





d*y dy 0*y Op dy 
+ p—dx =—- podx = ——-—dx, 
at? ax ot? dy Ox 
or po(d7E/ dt?) = —dp/dx, (2) 


p is the pressure at the point y (Fig. 1b) which 
moves with the air particle, not the pressure at 
a fixed point. Except for very large displace- 
ments these pressures are nearly the same. 


From Eqs. (1) and (2) 
0°¢/dt? = (dp/dp) + (1+ 0&/dx)-*: (d7E/dx?). (3) 


By virtue of Eq. (1), Eq. (3) is linear in & only 
if dp/dp=Kp~ or dp/dv=—K, where v=1/p 
=specific volume and K is a constant. This 


2 Lord Rayleigh, Theory of Sound, 2nd Ed., Vol. IT, p. 31. 





174 THURAS, 





Pv%=1.34x1010 
PoVo =AVERAGE VALUES FOR 
SOUND PROPAGATION 











P=ABSOLUTE PRESSURE 
IN BARS 

V=SPECIFIC VOLUME 
=1fp IN CM9/G 








P IN 106 BARS 














° 400 800 1200 1600 2000 2400 
SPECIFIC VOLUME V IN CM34G 


Fic. 1a. Adiabatic curve for air. 


condition is not satisfied during any ordinary 
variations of state of a gas, but is approximately 
satisfied when the variations are very small. 
For isothermal changes we have pv= ovo and 
for adiabatic changes: 


b/ bo= (v0/v)* = (p/po)”, (4) 


where 7 is the ratio of the specific heats and pp is 
the undisturbed atmospheric pressure. In either 
case, for very small variations, the pv curve is 
practically identical with the tangent to the 
curve, hence dp/dv is practically constant. (See 
Fig. 1a.) 

From Egs. (1), (3), (4) we obtain the exact 
equation of adiabatic plane wave motion in a 
non-viscous fluid: 


d°E/dt? =c2(1+0¢/dx)-7-(d°E/dx2), (5) 


where c?=~yfo/po. This equation is given by 
Rayleigh.?: * Rocard‘ was first to call attention 
to the generation of harmonics in the air within 
an exponential horn. His theoretical solution is 
based on a plane wave equation in which the 
term 6£/df was replaced by 


ee OF OA /dE 
—+—-—(—), (6) 
ot? dt dx\dat 

In support of this substitution Rocard cites 


3 Lamb, Dynamical Theory of Sound, 2nd Ed., p. 182. 
*'Y. Rocard, Sur la propagation des ondes sonores d'ampli- 
tude finie, Comptes rendus 196, 161 (1933). 
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Fic. 1b. 


Riemann’s®> treatment of the problem. Hoy. 
ever, Riemann’s analysis is based on the Eulerian 
form of the hydrodynamical equations whereas 
Eq. (5) is derived from the Lagrangian equations, 
(For a comparison of these systems of equations 
see Lamb.*) In the Lagrangian notation d¢/@ 
and 0°£/df? are the exact values of the velocity 
and acceleration, respectively, of the particle 
whose displacement from its equilibrium position 
(x) is &. It is to be noted that in Eq. (2) the term 
po, or undisturbed density, does not represent an 
approximation. 

A rigorous solution of (5) for the displacement 
£ as an explicit function of x and ¢ has not been 
obtained. As a first approximation to Eq. (5) 
we take 


aE aE 
ax ax? 











~onlayE le (7) 
This approximation restricts the dilatation d£, dx 
to values small compared with unity or the 
excess pressure to values small compared with 
ypo, but the restriction need not be as severe 
as would be required for the linear approxi- 


mation: 
07E/dt? =c? 07 / Ax. 


By a method of successive approximations, 
carried to the second approximation, Lamb’ 
derives the solution of (7): 


=a cos w(i—x/c) 


y+1 w? 
+——— —a*x( 1 —cos 2w(t—x/c)] (8) 
ce 


5 Ueber die Fortpflanzung ebener Luftwellen von endlicher 
Schwingungsweitte, Riemann, Géttingen, Abhandlungen, 
No. 8, 1860. 

6 Lamb, Hydrodynamics, 6th Ed., Chapter I. 
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corresponding to a motion =a cos wt imposed 
on the air at x=0, and assuming complete 
absence of reflection. By virtue of (4) and (1) we 
have for the pressure: 


p= pill—y d&/ax++++), 


Neglecting the terms of small amplitude, in the 
region where 47x is large compared with the 
wavelength \ we have 


p=Pactpitpbs, (9) 


where 
Pac= po— bo" ((y+1)/8): (w?/c?)a’, 
pi= — bo (wa/c) sin w(t—x/c), 
po= bo: L(y +1)/4 ]- (w*/c*)-a*x sin 2w(t—x/c), 
or pi=2'P, cos [w(t—x/c)+7/2], 
p2=2'P2 cos [2w(t—x/c)—7/2], (10) 


where P,=ypwa/2'c, (11) 





vetessants (12) 


P, and P2 are thus the r.m.s. fundamental and 
second harmonic pressures, respectively. 

Lamb? also gives a solution of (7) for the case 
when the forced motion at x=0 is: £=£4 cos wat 
+£z cos wt. In addition to the two fundamentals 
and two second harmonics, the pressure now 
includes components whose frequencies are, re- 
spectively, the sum and difference of the two 
primary frequencies: 


p.=2'P, cos [(wa+we)(t—x/c)—7/2], 
ba=2'Pa cos [(wa—wa)(t—x ‘c)+n/2], 
y+1 PaPp (witws)x 








where P,= . : (13) 
2(2)! po c 
yt+1 PaPp (wa—wp)x 
oo x ' ’ (14) 
2(2)! ypo 2 


and P4, Pg are the two r.m.s. fundamental 
pressures. 

If we extend Lamb’s method of solution of 
Eq. (7) to the third approximation and again 
consider the case £=a cos wt at x=0 we find 
that in the region kx>1, the r.m.s. third har- 
monic pressure is 
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3 f/yt+1 wx\? 
Pi=—(*—-—) P;*. (15) 
16\ ypo ¢ 


In the case of the greatest r.m.s. fundamental 
pressure used in the experiments, P;= 8000 bars 
at 600 c.p.s., Eq. (15) indicates that the third 
harmonic at 400 cm from the source is about 
10 db below the second harmonic. 

An approximate correction for the effect of 
attenuation in a tube because of viscosity and 
heat conduction can be obtained by assuming 
that each of the extraneous frequencies and the 
fundamental is attenuated as if it were the only 
wave present. Thus the r.m.s. value of the funda- 
mental at any point x is assumed to be 


P,;=Poe-™* + or dP/dx=—a;Pi, 


where Pp, is the r.m.s. value of the fundamental 
at the point x =0 and a; is the measured attenua- 
tion factor for the fundamental. If Ps: is the 
r.m.s. value of the second harmonic at the point 
x and ae is the measured attenuation factor for 
the second harmonic in the absence of the funda- 
mental, we have by using Eq. (12): 


dP.,/dx= KP? —a2P2= K Pye? '* — aeP2, (16) 
y+1 1 w 


where om . --, 
2(2)! ypo ¢ 


When a,=0 and az=0, Eq. (16) is equivalent 
to (12). The solution of (16) which is consistent 
with the fact that the second harmonic vanishes 
at x=0 is 

P,=(KP»?/(2a1—az) |Le~**—e-?™* ]. 


Py, y+1 Py w 








Hence =———- -—x R, (17) 
P, 2(2)! YPo Cc 
e~(a2-a)) 2 _ g—2aiz QeX 
where R= =1———-+ 
(2a1—a2)x 2 


For the tube used in these experiments a2: may 
be taken as 24a; which gives 


R=1—a,x/2'+>>>. 


Similar correction factors were derived for the 
other extraneous frequencies measured in the 
experiments. 
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Fic. 2. Apparatus for measuring extraneous frequencies generated in air carrying intense 
sound waves. C.T., calibrating transmitter; S.7., search transmitter; R, resistance substitute 


for receiver. 


MEASUREMENTS OF PLANE WAVES OF FINITE 
AMPLITUDE IN A TUBE 


The experimental work consisted of measuring 
the second harmonic generated along a tube. 
Measurements were also made of the sum and 
difference tones when two fundamental fre- 
quencies of equal pressure were simultaneously 
impressed on the air of the tube. For the funda- 
mental pressures and distances used in the 
experiments, the magnitudes of the other har- 
monics and higher order sum and difference 
frequencies were probably small. For high funda- 
mental frequencies and pressures, however, these 
other tones are important, since they increase 
more rapidly with frequency and pressure than 
the second harmonic; for instance, the third 
harmonic pressure increases as the square of 
the fundamental frequency and as the third 
power of the fundamental pressure. 

A sinusoidal displacement, uniform over the 
cross section, was impressed on the air at one 
end of a long tube. The tube had an inside 
diameter of 3.8 cm and was 1566 cm long. 





Measurements were made in the first 705 cm 
only and the remainder of the tube was used for 
obtaining a non-reflective termination. 

A search transmitter, comprising a small tube 
of 0.08 cm inside diameter and 7.5 cm long, 
coupled to a small condenser microphone,’ was 
used for the measurements. Attenuation in this 
search tube was sufficiently high to prevent 
either overloading the microphone or altering 
the sound wave propagated within the long 
tube. The search transmitter was connected toa 
stage of amplification so operated as to preclude 
nonlinear distortion. This was followed by a 
band pass filter which selected the frequency 
desired in the measurements. The filter was 
terminated by a measuring circuit consisting of a 
high gain amplifier and a vacuum tube volt- 
meter. A diagram of the arrangement is shown in 
Fig. 2. 


7H. C. Harrison and P. B. Flanders, An Efficient 
Miniature Condenser Microphone System, Bell Sys. Tech. 
J. 11, 451 (1932). 
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To obtain reliable measurements throughout 
the length of the test tube it was necessary to 
reduce standing waves to a negligible magnitude. 
This was accomplished by laying a strip of felt 
in the last 761 cm of the tube, terminating the 
end with an acoustic resistance approximately 
equal to the characteristic impedance of the tube, 
and carefully sealing up all joints along the tube. 
The pressure variation in the standing wave was 
+0.3 db, which corresponds to a reflection 
coefficient of 0.035. 

The oscillator current was supplied to the 
loudspeaker through a low pass filter and the 
measured harmonic content was found to be 
73 db below the fundamental. Pressure measure- 
ments in the tube close to the loudspeaker 
indicated that the harmonics generated in the 
measuring circuit and loudspeaker were more 
than 50 db below the fundamental pressure at 
2000 bars. 

A calibration of the search transmitter was 
obtained by comparison with a small condenser 
microphone whose diaphragm was exposed di- 
rectly to the sound wave at the same position on 
the test tube, see Fig. 2. The calibrating micro- 
phone (C.7., Fig. 2) had been previously cali- 
brated by a thermophone.* The measuring circuit 
following the search transmitter was calibrated 
for each frequency measured by introducing the 
oscillator current into the search transmitter 
circuit through the attenuator (aj, Fig. 2). 

The ratio of the pressure of the frequency 
generated along the tube to the fundamental 
pressure was measured by the attenuator az, 
Fig. 2, at various holes along the tube in which 
the search transmitter was inserted. If an appre- 
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Fic. 3. Magnitude of 2nd harmonic vs. distance from 
source, 





‘SL. J. Sivian, Absolute Calibration of Condenser Trans- 


milter, Bell Sys. Tech. J. 10, Jan. (1931). 
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ciable fraction of the harmonic generated along 
the tube is reflected at the end of the tube, the 
magnitude of the reflected component near the 
source may be comparable with or larger than 
the harmonic generated between the source and 
the point in question. This was found to be the 
case when several measurements were made near 
the source over a distance covering a wave- 
length. The measured variation in the total 
pressure of the harmonic over this distance was 
+2.5 db whereas the variation for a funda- 
mental of this frequency, as previously stated, 
was +0.3 db. Therefore the measurements close 
to the receiver may be inaccurate. 

Fig. 3 shows the measured pressure ratio of 
the generated second harmonic to the funda- 
mental along the tube and the theoretical curve 
calculated from Eq. (17). Each of the three 
experimental points plotted at about 45 cm 
from the receiver is the average pressure ratio 
for a series of readings taken over a distance of a 
wavelength along the tube. 

The measured and theoretical pressure ratios 
of the second harmonic to the fundamental are 
shown as a function of frequency and pressure 
in Figs. 4 and 5. 
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Fic. 4. Variation of 2nd harmonic magnitude with fre- 
quency of fundamental. 
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Fic, 5, Variation of 2nd harmonic pressure with funda- 
mental pressure. 
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Fic. 6. Magnitude of summation and difference frequencies vs. distance from source. 


Fig. 6 shows the magnitude of the first order 
sum and difference frequencies along the tube 
when two frequencies of equal pressure are 
simultaneously impressed on the air in the tube. 


EXPONENTIAL HORN THEORY 


The second harmonic generated in any short 
section of a horn is approximately the same as 
that generated in a tube of area equal to the 
mean area of the section of the horn. Therefore 
from the tube equation and the expression for 
the change in pressure due to the divergence of 
the horn the magnitude of the generated second 
harmonic pressure at any point along the horn 
can be obtained. 

The r.m.s. value of a small excess pressure in 
an exponential horn of section S=Spe"* is 
attenuated according to the law 


P=Pe-"7!?, or dP/dx=—mP/2, 
where P, is the r.m.s. pressure in the throat of 
the horn (at x=0). The index of taper m is equal 
to 4xf./c where f, is the cut-off frequency of the 
horn. 

From Eq. (12), the rate at which the r.m.s. 
value of the second harmonic increases along a 


tube is 


If it is assumed that the same expression repre- 
sents the rate of generation of second harmonic 


along a horn, and that both the fundamental 
and second harmonic diverge in the same manner, 
the complete differential equation for Pz» be. 
comes 


dP», m m 


. 


=KP,? ——P, = KP, ,?e-"* ——P,, 
dx 2 2 


where P; and P,,; are, respectively, the r.ms, 
fundamental pressures at the point in question 
(x) and in the throat of the horn. The solution 
consistent with the condition P2=0 at x=0 is 


P2=(KP,?/(m/2) ][e-™*/*—e-™=]. (18) 


Since P;=P,,e-""", the ratio of the second 
harmonic pressure to the fundamental pressure 
at any point x in the horn is thus 

Py, 1 —e-mz/2 

ye ee 


P, m/2 


where x’=(1—e—™*/2)/(m/2). (20) 


Eqs. (19) and (20) indicate that the second 
harmonic at the mouth of an exponential horn 
of length x is equivalent to the second harmonic 
at the end of a tube of length x’ and of uniform 
section, equal to the area of the throat of the 
horn. Thus the second harmonic in the mouth of 
a horn having an index of taper m=0.075 cm“, 
cut-off frequency 200 c.p.s. and length 78 cm is 
equal to the second harmonic at the end of a 
straight tube 25 cm long and of the same 
diameter as the throat of the horn. 
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EXPONENTIAL HORN MEASUREMENTS 


Measurements of the output of a horn attached 
to a moving coil receiver were made in an 
acoustically damped room. The horn had a 
throat diameter of 3.8 cm, a length of 78 cm 
and a cut-off frequency of 200 c.p.s. The dia- 
phragm of the loudspeaker was coupled to the 
throat of the horn through a straight tube 13 cm 
long. A filtered single frequency tone was im- 
pressed on the loudspeaker and the sound -was 
picked up by a small microphone in front of 
the horn. The fundamental and second harmonic 
voltages from the microphone amplifier were 
separated by means of a band pass filter and 
measured. 

The approximate acoustic power at the throat 
of the horn was calculated from the known 
eficiency of the loudspeaker and the electrical 
voltage and current supplied. 

The measured and calculated ratios of the 
second harmonic pressure to the fundamental 
pressure at the mouth of the horn, including the 
effects of generation of second harmonic in both 
the horn and the straight tube coupling the re- 
ceiver and the throat of the horn, are shown in 
Fig. 7 in terms of the sound output in watts. 
See Eqs. (17) and (19). The attenuation due to 
viscosity and heat loss in the horn has been 
neglected. 

A number of measurements at various micro- 
phone positions in front of the horn, shown by 
the dotted circles, indicate the difficulty of ob- 
taining accurate results in a room. The average 
of the measurements at a number of random 
positions in front of the horn at a constant sound 
power output and the measurements at a single 
position for various sound outputs gives the 
plotted curve which is probably not greatly 
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Fic. 7, 2nd harmonic generated in an exponential horn vs. 
sound output. 
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. 8. 2nd harmonic generated in an exponential horn vs. 
" fended frequency (sound output = 10 watts). 


different from that which would be obtained in 
open air. 

Fig. 8 shows the measured and calculated 
ratios of the second harmonic pressure to the 
fundamental pressure for various fundamental 
frequencies. 


DEMONSTRATION OF EXTRANEOUS FREQUENCIES 


Almost two hundred years ago Sorge, a 
German organist, and Tartini, an Italian vio- 
linist, discovered independently, apart from all 
theory, that the union of two loud independent 
tones produced a difference tone. That this is 
not entirely a subjective tone produced by the 
ear but is actually present in the air was demon- 
strated by others some years later by the use 
of a tuned resonator. With modern apparatus 
consisting of power amplifiers, oscillators and 
tuned electromechanical vibrators it is a rela- 
tively simple matter to show not only the 
difference tone but the summation and _har- 
monic tones as well. 

An exponential horn was attached to the open 
end of the 1566 cm tube previously described 
but with the damping material removed. A 
moving coil microphone placed in front of the 
horn picked up the complex tone produced when 
two equal pure tones of 600 and 940 c.p.s. were 
impressed on the air. The microphone voltage 
was amplified and impressed on six torsional 
vibrators tuned to 340, 600, 940, 1200, 1540 and 
1880 c.p.s. Spherical mirrors attached to the 
vibrators produced on a screen bands of light 
the amplitudes of which were approximately 
proportional to the relative pressures of the 
various frequencies in the complex tone. 








For the higher power inputs to the loud- 
speaker used in the experiment, the presence of 
the sum and difference frequencies and the har- 
monic frequencies was easily observed. At these 
power outputs the quality of the sound was 
very disagreeable and the fundamental tones 
could hardly be distinguished. 


CONCLUSION 


The theoretical and experimental determina- 
tions of the extraneous frequency waves gen- 
erated in the air within a tube are in good agree- 
ment as regards the variation in magnitude with 
frequency, distance from the source and magni- 
tude of the primary tones. The magnitude of the 
second harmonic is very nearly proportional to 
the distance from the source, to the fundamental 
frequency and to the square of the amplitude of 
the fundamental pressure. When there are two 
primary tones, the extraneous frequencies gen- 
erated in the air include, as well as the har- 
monics of the primary tones, frequencies which 
are, respectively, the sum and the difference of 
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the primary frequencies and also other higher 
order tones. The magnitudes of the summation 
and difference tones are very nearly proportional 
to the distance from the source, to the product 
of the magnitudes of the two primary pressures, 
and in each case, to the frequency of the par. 
ticular combination tone. As regards the absolute 
magnitudes of. the generated tones in the tube 
all of the measured values are about 3 db lower 
than the theoretical values. 

Good agreement was obtained also between 
the experimental and theoretical determinations 
of the second harmonic generated in the air 
within an exponential horn, as regards pro. 
portionality to the fundamental frequency and 
power and also as to absolute magnitude. In fact 
the agreement in absolute magnitude was closer 
for the horn than for the tube, but not much 
significance should be attached to this fact, as 
the horn theory is developed from the theoretical 
solution for the tube and the horn measurements 
are known to be less reliable than the tube 
measurements. 
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The Design Considerations for a Simple and Versatile Electronic Music Instrument 


BENJAMIN F. MiessneEr, Milburn, New Jersey 
(Received June 11, 1934) 


INTRODUCTION 


HE use of electronic systems for trans- 

mitting, for recording, and for reproducing 
music, to the practical exclusion of other systems, 
is today an accomplished fact; with the design 
considerations for such apparatus we are all 
familiar. But the design of an instrument for 
making music is a vastly different problem from 
that for reproducing music. In the former we are 
confronted with a combination of science and 
art; in the Iatter almost wholly with science. 

Instruments for reproducing music need only 
to preserve with scientific exactitude all of the 
characteristics of the original sound, irrespective 
of its nature, and introduce no other. An instru- 
ment for making music embodies not alone the 
science of sound production, but also the pro- 
duction of sounds acceptible in music as an 
art, and by control methods satisfactory to 
artists. 

So the design of a new musical instrument is 
concerned first with art, then with science. 
First of all its sounds must be musically accept- 
able; then it must permit of some acceptable 
playing technique, and preferably one already 
widely accepted; the inner mechanism of its 
operation is of least concern to the musician. 


MusICcAL STANDARDS AND COMPARISON OF 
INSTRUMENTS 


But what is the standard of acceptance for 
musical sounds? There are many types of musical 
instruments, each with some particularly effec- 
tive characteristic or characteristics which makes 
it musically useful. Some of these are very limited 
in their usefulness and others more comprehen- 
sive. In an orchestral assemblage the _ in- 
strumentalities may extend from the ridiculous 
to the sublime, from the noisy crash of the 
cymbals, which truly is not a musical sound at 
all, to the massed effect of a hundred instru- 
ments in many variations of several types, 
weaving together a pattern of tremendous com- 
plexity in pitch, in color, in power, and rhythm, 
and harmony. 


While it may be difficult, if not impossible to 
choose, for example, between the oboe and the 
English horn,—or between the flute and the 
bassoon, because each has characteristics pe- 
culiarly useful for certain effects, we can 
evaluate them on a basis of general utility, and 
particularly, on a basis of musical values without 
assistance of other instruments. 

I think no musician will seriously disagree 
with my arrangement of orchestral instruments 
on the basis of increasing versatility: (1) Percus- 
sion, (2) brass and wood winds, (3) strings, 
(4) piano and organ, (5) orchestra. 

An analysis of these groups indicates an in- 
creasing range of performance in pitch and 
timbre and power and complexity: an increase 
in expressiveness and versatility in all the musi- 
cally acceptable characteristics. By expressiveness 
we mean the ability to portray a wide range of 
mood or feeling. The cymbals may be highly 
expressive of excitement or commotion, at the 
peak of an orchestral crescendo, but there its 
abilities end. The flute certainly is very expres- 
sive in lyric passages of an orchestra, but, as 
Helmholtz long ago stated, one would certainly 
not wish to hear a concert of flutes, or for that 
matter, of other wood winds or brasses alone— 
although the instruments in those groups have 
far greater capabilities than the percussion 
types. 

In the string section is found the greatest 
versatility, but even the violin, without ac- 
companiment, is quite limited, because of its 
inability to produce any but the simplest har- 
mony of two tones. Also its pitch and power 
ranges are restricted. 

In the keyboard instruments we find by far 
the greatest utility. Particularly in the piano and 
organ do we find a versatility far exceeding that 
of any other conventional instrument; they 
provide the maximum of musical expression for a 
single performer. Here then, is one of the bases 
for the musical design of an instrument of widest 
utility. Our instrument must be versatile in its 
musical performance. The closer an individual 


181 








182 


performer can approach the effects of an orches- 
tra the more satisfying will his efforts become. 

In an address before this Society in 1932, on 
New Horizons in Music, Mr. Leopold Stokowski 
has emphasized the need in music for providing 
any desired timbre, or new timbres; for creating 
any frequency, any duration, any intensity, any 
combination of counterpoint, of harmony, of 
rhythm; of extending the dynamic range both 
upward and downward. As a means of extending 
the musical horizons, he said, 

For example, in the electrical instruments we now have 
we are able to intensify any harmonic we wish, to give 
any timbre. That was not possible in the old instruments. 
. . . There are many other new possibilities dimly opening 
out before us—whereby instead of having a limited palette 
of tone colors as in the old days, we can increase their 
number greatly. What would it mean to painters, any 
great painter of today, if a physicist would come to him 
and say, “I can give you new colors, things you have 
never dreamed of.’”” How they would welcome that. That 
is what you physicists are giving more and more to musical 
art. 

This is that musician’s basis for improvements 
in mus.cal instruments. 


SCIENTIFIC BASIS OF VERSATILITY 


But what, in terms of science, is the basis of 
versatility in a musical instrument? 

If we define all of the physical characteristics 
of musical sounds, such as pitch, harmonic 
composition, amplitude, incidental noises, dy- 
namic envelope shape from beginning to end, 
and modulation of these factors, we have such 
a basis. All of these characteristics of tone are 
well understood, with the exception of envelope 
shape, concerning which I find little or nothing 
in the literature of acoustics. By this I mean the 
dynamic nature of a tone from beginning to 
end, or its amplitude-time characteristics. Par- 
ticularly important is its starting characteristic. 
For example, one would not consider a clarinet 
or saxophone tone similar to that of a piano, 
and yet they may be quite similar in all charac- 
teristics save envelope shape. If the abrupt 
inception of a piano tone be altered so that it 
starts at zero and reaches full amplitude in a 
few tenths of a second, we hear it as a wind 
instrument not unlike a clarinet or saxophone; 
or if a phonograph record of a piano be repro- 
duced backwards, this change in tone character 
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will be illustrated strikingly. A complete descrip. 
tion of a tone of finite length should include the 
amplitude-time characteristic of each one of jts 
components, whether harmonic or inharmonic, 
or of that continuous-frequency type called 
noise. The most versatile instrument is one 
which will provide the greatest range of cop. 
trol not only:of these individual character. 
istics but also in combinations of these char. 
acteristics; furthermore it will provide fo, 
simultaneous sounding of many tones differing 
in these characteristics. 

There are, of course, natural boundaries for 
these ranges both in the operation of the instru. 
ment through its manual or other controls, and 
in the human ear; beyond these we need not go, 


PLAYING TECHNIQUES 


Whether an absolutely continuous control of 
these factors is desirable, is another important 
consideration. For example, in such instruments 
as the bowed strings, which provide continuous 
control of pitch and timbre within certain ranges, 
it is possible to produce very unmusical effects 
in terms of pitch intervals or of timbre, or of 
incidental noise. While such a complete control 
provides a maximum of expressiveness, it intro- 
duces the danger of producing musically bad 
effects. Even the greatest artists sometimes 
play off key, or produce bad timbres. 

To guard against this, provision should be 
made for the prevention of incorrect pitch in- 
tervals and bad qualities. In the keyboard in- 
struments is realized this freedom from these 
dangers. A novice can run a chromatic scale just 
as accurately in pitch as the expert, and with the 
same good tone qualities. Consider, for example, 
the clarinet and its complicated fingering tech- 
nique, which requires depression of combinations 
of keys merely to produce certain pitches. The 
keyboard player can produce harmony with less 
complication of fingering than the clarinettist 
can produce melody, to say nothing of the blow- 
ing technique. Or consider the violin, with its 
required fingering precision for control of pitch, 
and the difficulty of its bowing for a range of good 
timbres. With the keyboard instruments these 
unnecessary distractions involved in producing 


good tones in correct intervals are eliminated,. 
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leaving to the performer most of his available 
attention to expression of the more subtle matters 
involved in the music itself. 

Again, almost every musician, who can play 
any instrument, can play the keyboard types, 
so that a keyboard playing technique is highly 
advantageous compared to others; also there is 
relatively a tremendous wealth of musical litera- 
ture available for keyboard instruments. 

That the keyboard provides the most accept- 
able playing technique is obvious from a study of 
instrument history. The zither, the harp, the 
cymbalo, and other instruments provide for 
correct tone intervals and good qualities, and 
harmony as well as melody, but their playing 
technique present difficulties. 

These are very important considerations in the 
design of an instrument for general utility in the 
home and elsewhere—and so we conclude that 
the keyboard must be the control means for the 
performance of our instrument. 


ToucH RESPONSIVENESS 


Keyboard instruments may be divided into 
two groups according to whether or not they are 
touch responsive. Harmoniums and organs lack 
the touch-responsive keyboard control; the de- 
pression of a key sounds its tone always the 
same, irrespective of the manner of its depres- 
sion. But, with the piano, the touch-responsive 
keyboard provides control of amplitude, and to 
some extent timbre, of individual tones, which 
adds greatly to the expressiveness of its per- 
formance. 

Like the human voice, the piano tone grows 
more strident with amplitude; there is a rela- 
tively greater increase of energy among the 
higher than the lower partials. Without its 
usual compensating changes in timbre, the per- 
formance of an organ becomes monotonous and 
lacking in vitality. Since music is primarily a 
means for expressing human emotion, and since 
human emotions vary through vast ranges of 
physical activity, it follows that the instrument 
which is touch-responsive is capable of expressing 
the widest range of feeling. 

Our keyboard, therefore, should be touch- 
responsive in its control of tone amplitude, and to 
some extent of timbre also. 
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SUMMARY OF DESIRED MUSICAL 
CHARACTERISTICS 


To summarize then, our instrument must play 
in harmony as well as melody through a touch- 
responsive keyboard. It must have a wide range 
of pitch, in discreet intervals; a wide range of 
musically useful timbres, and no bad ones; a 
wide range of tone power and control of indi- 
vidual tone powers with or without an accom- 
panying change of timbre, and preferably also a 
mass control of tone power; also a range of tone 
envelope shapes. Other factors of importance are 
constancy of tuning or other adjustments, low 
cost, weight and bulk. 

The piano and organ have some of these de- 
sired qualities. But the piano lacks timbre varia- 
tions and the organ lacks touch-responsiveness. 
The piano lacks the soothing restfulness of wind 
instrument tones, while the organ lacks the 
incisiveness and vitality of percussive tones. 
Both have much against them in weight, or 
bulk, or both, and in cost. The piano must have 
provision for sustaining a total string tension of 
20 tons in a model of moderate size. In the wind 
organ we must find room for hundreds or thous- 
ands of pipes, and provide usually for remote 
control, since their number and bulk makes 
impractical direct mechanical control. 

In an address on Music in a Changing World 
before the Music Teachers National Association, 
in 1932, Mr. William Arms Fisher of Boston, a 
prominent man in the world of music, said of the 
piano: 

Another reason for the change is that, except for the 
addition of a few gadgets, this percussive instrument had 
made no distinct advance in a hundred years. It is bigger 
and stouter, and will stand punishment better, but it is 
still a percussive instrument, well named by the Germans, 
Hammer Klavier. There are already signs that inventive 
genius will produce a more pliable, more truly musical 
house instrument. This coming necessity will have a more 
expressive, more flexible tone, be far more variable in tone 
color, and more responsive to the touch; therefore a more 
sensitive instrument for the expression of illusive musical 
ideas. There are not wanting those who think that musical 
culture has been dominated too long by the convenient 


piano, and that the time for a better instrument for self- 
expression is here. 


THE NEw ELeEctro-AcoustTic DESIGN METHODS 


The old mechanico-acoustic or pneumatic- 
acoustic techniques of tone production soon will 


be supplanted by the new technique of electro- 
acoustics. 

It is no longer necessary in carillons to use 
huge bells weighing tons to produce powerful 
bell tones. Organ pipes of great length are not 
necessary to produce the lowest organ tones, 
nor are combinations of many such pipes neces- 
sary for the synthesis of desired timbres. A sound 
board of several square yards area, vibrated by 
long, heavy strings of high tension, is not neces- 
sary for the production of piano tones of five 
acoustic watts. 

With the electro-acoustic technique all of 
these ends and a great many more can be reached 
with simpler, smaller, lighter, and cheaper ap- 
paratus. Great flexibility in design, and in per- 
formance are possible. Vibration energy sources 
of exceedingly low power may be used with 
amplifier and reproducer to raise that energy 
to any desired acoustic level. In the electrical 
form their vibrations may easily be controlled to 
provide a great variety of musical effects. 

With respect to primary sources of oscillating 
energy for use in our electro-acoustic design there 
are available a great many of these in a variety 
of types. In the continuously moving types we 
have magneto-electric, electrostatic, photoelec- 
tric, phonographic forms. 

In the stationary types we have audiofre- 
quency vacuum tube oscillators, R. F. beat 
oscillators, relaxation-oscillators; oscillating arcs, 
condenser-inductance discharges. 

In the vibrating types we have many forms of 
mechanical vibrators such as strings, reeds, rods 
in transverse and longitudinal vibration, bells, 
plates and membrances, with mechanico-electric 
pick-up. We have also direct acoustic types of 
whatever nature with microphonic pick-up, 
amplification and reproduction. Also we have 
many hybrid types, such as mechanical vibrators 
maintained by self-interrupter, or feed back, or 
magnetostriction methods, or beat oscillations 
between mechanico-electric and electric os- 
cillators. 

Even this extended list makes no pretense of 
completeness. 


METHODS OF VARYING HARMONIC COMPOSITION 


Since one of our chief requisites for versatility 
is a wide variation of harmonic composition, 
we now face the problem of achieving this. There 
are two general methods, namely, synthesis and 





184 BENJAMIN F. 


MIESSNER 





modification. In the synthetic method we builg 
up the desired timbre by mixing correct fre. 
quencies and amplitudes from individual sources, 
simple or complex. 

In the modifying method we have a source rich 
in harmonic structure and provide a contro 
which regulates at will the relative amplitudes of 
the various components. 

In the synthetic method we must either pro. 
vide a large number of individual, simple waye 
sources, having exactly harmonic frequencies, 
or be content with overtones which are not 
true integrals of the fundamental. Furthermore, 
this method involves very complicated Wiring; 
again, since a given frequency may be necessary 
in each of several tones simultaneously sounding, 
a plurality of complete sets of chromatically 
scaled generators is necessary; or a complication 
of control is required. 

The method of timbre control, by amplitude 
modification of the partials of a source rich in 
harmonics is much simpler, particularly, if a 
suitable vibration source be employed. 

Filters might be used in a common circuit to 
control the relative amplitudes of the different 
partials, if a single note or a restricted band of 
notes only were being transmitted through that 
circuit, but when the frequency band becomes 
very large, this method is no longer applicable. 

It therefore becomes necessary to control the 
harmonic outputs of the individual generators. 
With most generators the only method of doing 
this is by filters, and a filter at each generator 
becomes unduly complicated. 

There are generators available, however, within 
which the harmonics are so inherently localized 
that control becomes relatively simple and does 
not require filters. 

In general, the mechanical vibrators with 
appropriate pick-up means form this _last- 
mentioned class of generators. All of these have 
long been used in direct, mechanico-acoustic types 
of musical instrument. Of them, transversely 
vibrating reeds and rods are characterized by 
relatively simple vibrations, poor in harmonic 
composition, and by some inharmonic com- 
ponents. Bells are characterized by a profusion 
of inharmonic partials; plates and membranes, 
to even further degree, are less usable musically. 

Rods in longitudinal vibration might be used 
were it not for the fact that they need to be very 
long for all save the highest frequencies. In 
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SIMPLE 


vibrating air columns we find sources rich in 
localized harmonic energy, but we are con- 
fronted not only with length and bulk, but also 
with problems of converting the vibration into 
electrical form, and in suppressing the undesired 
sounds of the pipes themselves. 


THE STRETCHED STEEL STRING THE BEsT 
VIBRATION GENERATOR 


There remains in this group the stretched 
string, which, through centuries of evolution, is 
still the basis of most generators for musical 
tones. It is extremely rich in partials, all exactly 
integral with the fundamental, providing its 
tension be high relative to its stiffness, and 
providing it is homogeneous through its entire 
length, qualities easily attainable in practice 
through very wide frequency ranges. It is ex- 
tremely simple, and inexpensive, and low in 
size and weight; it is easily tuned, and, particu- 
larly the steel string, relatively stable in pitch. 
It has a very long life free of harmful variations. 

It is very easy to excite touch-responsively, and 
easy to stop; mechanisms suitable for its vibra- 
tion control have been in use and developed 
through two centuries. 

Its partials are so localized that their control 
for effecting a wide range of timbre through a 
very wide range of pitch is quite simple. The 
harmonic content of its own vibration may also 
be varied by the manner of its excitation, as by 
change of amplitude, or position or nature of the 
exciting device. 

Its damping, when properly supported, and 
when relieved of the radiation and hysterisis 
losses of coupled sound boards, is so low that, for 
almost all musical purposes, it is practically 
negligible, but nevertheless controllable when 
desired. Since, in our electrical design, it is not 
called upon to supply vibratory energy for radia- 
tion from a sound board, it need no longer have 
the ability to absorb large amounts of kinetic 
energy, so that it can be very much shorter, and 
thinner, and under lower tension than, for ex- 
ample, in pianos. 


PERCUSSIVE EXCITATION BEST 


There are available a variety of exciting meth- 
ods for strings. Among the mechanical types, 
are percussion, plucking and bowing. Or it may 
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be excited impulsively, or continuously by 
electromagnetic, electrodynamic or electrostatic 
means, at any desired point, or at several points 
simultaneously. The continuous excitation may 
be synchronous, or non-synchronous, in which 
case the effects of bowed strings may be produced. 
Its vibration may be initiated or maintained by 
electromagnetic or other feed-back methods. 

Among these the mechanical percussive 
method, while not the simplest, is already avail- 
able and in highly developed form of great ex- 
pressiveness with regard to touch responsiveness 
through a keyboard. 

For these important reasons and for many 
other lesser ones we choose the time-honored 
string, excited by the method invented by 
Christofori over two hundred vears ago. 


VIBRATION TRANSLATING METHODS 


For transforming the mechanical vibration of 
our strings into electrical oscillations of cor- 
responding form, we may make use of a number 
of principles, such as modulation of a magnetic 
or an electrostatic field, of steady or radio- 
frequency types; or the string’s change in ten- 
sion or pressure on its supports may be used to 
modulate resistance, piezoelectric, or magneto- 
strictive device. 

However, since the harmonics we desire to 
control are localized along the string from end 
to end, and since we may not interfere with its 
free vibration, our translation devices must 
operate through space without interfering con- 
tact with the string. 

Of the available types the electrostatic is by 
far the simplest and most effective. A conducting 
wire, supported transversely to, and at a constant 
fractional string-length position, near the strings, 
and provided with a constant charge with re- 
spect to them, will oscillate in voltage in accord 
with the vibration of the strings at that point. 
Since the harmonic composition of the string 
vibration varies from point to point along its 
length, we may use several such pick-ups at .- 
different points along the strings and we may 
mix these separate pick-ups together in different 
amplitude ratios, and in aiding or opposing 
phases, and obtain thereby a wide variety of 
harmonic compositions the same as, or widely 
differing from, those found at individual points 
along the string. 
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OTHER ADDITIONAL METHODS OF TONE CONTROL 


There are several other general methods of 
tone control that may be used effectively in the 
amplifier circuits following the vibrators and 
their translating devices. These, while in them- 
selves wholly inadequate to produce satisfactory 
timbre variation in an instrument of wide pitch 
range, are highly useful in extending the already 
wide variations obtained from the system just 
outlined. 

Frequency-amplification control arrangements 
for tipping that characteristic up or down over 
its whole length or part of it, may be used either 
in the individual outputs of the several pick-ups 
or applied in the common circuit following them. 
For restricted fundamental frequency ranges, 
groups of harmonics above them may be in- 
creased or decreased in amplitude, or modulated 
in damping, or both, to provide control of the 
so-called formants. 

Incidental noises or other sounds may also be 
introduced in amplitudes governed by the am- 
plitudes of the tone currents of the instrument 
by methods somewhat similar to those used in 
radio receivers for automatic volume control. 

It is not necessary here to exhaust the pos- 
sibilities of the many and various methods 
available for securing a very great control of 
the harmonic or other content of our instru- 
mental tone. With the electronic design technique 
this control becomes so flexible as to permit of 
practically anything desired, in the way of tone 
timbre. 


TIMBRE CONTROL IN HIGH FREQUENCY BEAT 
SYSTEMS 


In this general consideration of timbre control 
with oscillation generators of different types, it 
seems desirable to mention especially a peculiar 
system involving beats between high frequency 
oscillations. In such a system the output of a 
fixed frequency oscillator is made to beat with 
that of a variable frequency oscillator, or with 
the outputs of a series of definite frequency 
oscillators. 

In such a system, if all the oscillators are rich 
in harmonics, a simple timbre control is possible. 
A series of filters, one for each of the partials of 
the fixed-frequency oscillator, permits of ampli- 
tude control for each of the harmonics of the 
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output tone. Thus a simple and localized timbre 
control is provided. However, there are other 
important considerations which must be taken 
into account. 

If we have only a single, variable-frequency 
oscillator, we have only a solo instrument, jp. 
capable of the necessary chordal performance. 
To play in harmony, therefore, we require a large 
number of individual, definite frequency oscil. 
lators, so that, in the usual electron tube design 
of such oscillators, we become involved in a 
complexity of tubes and circuits, and the usual 
high frequency oscillation problems of stability, 
etc. Furthermore, with this type of oscillator we 
find it becomes difficult to provide touch respon- 
sive control over the individual tones. Then there 
are problems concerned with elimination of 
undesired beats between the individual oscilla- 
tion in the beating circuit. 

We may attain a great simplification, and re- 
tain the advantages of touch responsive per- 
formance by the use of percussively excited 
mechanical vibrators of high frequency for the 
individual oscillators, such, for example, as 
short steel or quartz bars vibrated longitudinally. 

While this method shows considerable ad- 
vantage over the usual H. F. tube oscillators, it 
still does not appear to present nearly so direct 
or flexible an attack on the whole musical in- 
strument design problem as the purely low- 
frequency vibrator method. 


DYNAMIC ENVELOPE SHAPE Or TONE MUSICALLY 
IMPORTANT 


As previously stated, there is another char- 
acteristic of musical tone of great importance. 
I refer to its envelope shape. By that we may 
distinguish, for example, between those two 
broad classes of musical sounds: on the one hand, 
percussive, or plucked, and on the other, wind. 
The first type is characterized by high initial 
amplitude, the second by a gradually rising 
amplitude; expressed another way the percus- 
sive instruments have a high increment and 
sometimes high decrement, while the wind 
instruments have a relatively low increment, 
and an adjustable decrement depending on the 
exciting wind pressure. There may also be ac- 
companying changes in timbre. 

In the percussive group there is a large varia- 
tion in excitation transients and in decrement. 
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SIMPLE ELECTRONIC 


The tones of harps, banjos and pianos, cer- 
tainly differ widely in these respects. 

A control over the increment and the decre- 
ment of our tone is therefore a matter of vital 
importance in the attainment of versatility. 

With such a control it thus becomes possible 
to transform our percussive tone into that of a 
wind instrument, so that the apparent limita- 
tions of percussive excitation—so desirable for 
its touch responsive performance—now disap- 
pear. 

It may here be noted that, in the initial part 
of percussion or plucked tones, there is a rapid 
shift of timbre, which, to the musician, is a 
highly desirable and expressive attribute of 
tones of this type. 

If we endeavor to obtain a percussion type 
tone by envelope modification of a constant 
timbre vibration, these important timbre shifts 
are wholly lacking and their absence disappoint- 
ing to the musician. If, however, we start with a 
vibration source in which those effects are ac- 
tually present, they inherently appear in the 
output tone. At the same time they may easily 
be eliminated as much as desired by envelope 
control, for production of wind instrument tones. 


DESCRIPTION OF A COMPLETE INSTRUMENT 


A musical instrument designed in the light of 
these considerations will now be described. 
Since a rather exhaustive description of this 
instrument will be found in the Proceedings of 
the Radio Club of America for January, 1934, 
any present remarks on this phase of the subject 
will be brief. 

It consists essentially of a string frame with 
strings, a keyboard action for controlling the 
string vibration, pick-up, amplifying, control and 
reproducing apparatus, appropriately housed. 

To simplify the construction the purely me- 
chanical portions of a grand piano have been 
used. From this the soundboard has been cut 
away, leaving, however, the bridge-rib structure 
as a common vibratory coupling between the 
strings. 

The sound board was removed to prevent its 
undesired and uncontrollable radiation, and also 
to remove its energy losses from the string 
vibrators to decrease their damping. 
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In an entirely new design many economies 
could be effected. Shorter, thinner, lower-tension 
strings would be used, coupled together in one 
of a variety of simpler ways—one or two strings 
may now be used instead of three per note over a 
large part of the range. The steel string-frame 
would be much smaller and lighter. The heavy 
rim and rim beams, no longer necessary to re- 
strain an outward-pushing sound board, may be 
made much lighter; lighter hammers, with a 
consequently lower moment of inertia, permit 
of a lighter keyboard touch. These and many 
other changes would be effected in the purely 
mechanical features of a new design. 

The present instrument is provided with three 
electrostatic pick-ups, each one common to all 
strings and supported rigidly on the vibratile 
rib structure. A preamplifier is housed in the 
piano, and the necessary control devices are 
mounted within easy reach of the performer. 
The final power amplifier and reproducer are in a 
separate cabinet, although an integral housing, 
probably is preferable. 

There is provided, in addition to the usual 
sustaining and sostenuto pedals of a piano, a 
swell pedal for mass volume control. There is, in 
addition, a knob control for limiting the maxi- 
mum sound output of the instrument. Three 
other knobs control the amplitude, in either 
aiding or opposing phases, of the outputs of the 
three pick-ups. A frequency-characteristic con- 
trol knob has the effect of controlling the slope 
of the frequency characteristic of the amplifier. 
A series of push button stops provide a number 
of preselected timbres. Another knob gives con- 
trol over the envelope shape of the output tone 
from high increment and high damping, through 
a region of high increment and low damping, toa 
region of low increment and low damping. 
Another knob provides a means of making the 
envelope characteristic the same or different in 
bass and treble ranges. For example, a percus- 
sive piano tone may be played in one of these two 
ranges, and a wind instrument tone in the other. 

These are the present controls. In instruments 
of more elaborate or special design, many ex- 
tensions of these controls are possible, as well 
as elaborations along the line of multiple 
manuals, coupling of exciters, and remote con- 
trol of vibrators, common in organ practice. 
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On the Theory of Sound Absorption of Porous Materials 


MICHAEL RETTINGER, Los Angeles 
(Received July 11, 1934) 


HE present paper is the outcome of the 

study of a paper by Dr. A. Gemant entitled 
The Conditions for the Ideal Sound-Absorbent.' 
Gemant, treating only the two extreme cases— 
the one for the very high frequencies and the 
other for the very low—arrived at unreasonably 
small values for the absorptivity of porous 
materials at low frequencies. This discrepancy 
between known experimental results and the 
theoretical values was acknowledged in a letter 
the author recently received from Gemant. 

As approximations were made in each of the 
two above-mentioned cases, which were, par- 
ticularly for the low frequencies, carried beyond 
their limit of validity, it seemed advisable to 
treat the general case without approximations. 
While such an attack increased manifoldly the 
mathematical steps, it brought the theoretical 
results very much nearer to experimental values, 
and also it cast new light upon the problem. 
As many of the equations in Gemant’s paper 





Z1=Z1u—-1Zn=Z,, ctgh (tkl) 


were taken from other authors,? no attempt js 
made in this paper to ascribe appropriate credit 
for every equation, but the problem is carried 
through in a straightforward manner. 


Let x=1.4p 0 (bo=atmospheric pressure), 
volume of voids in material 


shee aes volume of material 
w=2rf, 
f=frequency in cycles per second, 
p=amount of vibrating mass per cm (usually one. 
fifth of the density of the porous material) 3 
R= flow-resistance coefficient, 
Z..= impedance of an infinitely thick porous material 
Z;,=impedance of a porous material of thickness] | 
Zu, Zi2=real and imaginary components of Z;, ; 
ki =w(o/2x)*{(1+(R/pw)?}§ +143, 
ko=w(/2x)*{[1+(R/pw)?}}—143, 
q=hk,/ko, 
Z,)=radiation resistance of sound in air =41.5, 
a a coefficient, 
t=(-1)?. 


Since 
Z..=xk/Pw where k=k,—tke, we get for 
Lon = X(ki1— tke) /Pw=x(kike/k2—tke)/Pw 
=x(qke—tke)/Pw=xko(q—2), Pwo. 
Also, since 


=Z,,(cosh 2kel+cos 2k) (sinh 2kel—i sin 2k,l)/(sinh? 2ke)+sin? 2k,/) 
=xk(q—1)(cosh 2kel+cos 2k) (sinh 2kel —7 sin 2k,/)/(sinh? 2kel+sin? 2k;1) Pw 
=xko(q—1i)(cosh 2kel+cos 2gkel) (sinh 2kel —7 sin 2gkel) /(sinh? 2kel+sin® 2gkel) Pw. 


When the right-hand member of this equation is expanded, and the real terms are set equal to 


Zi, and the imaginary to Zz, we get 


Z1=xk2(cosh 2kel+cos 2gkel)(q sinh 2kel —sin 2gkel) /Pw(sinh® 2kel+sin? 2gkl), 
Z 12= —xk2(cosh 2kel+cos 2gkel) (sinh 2ke+q sin 2gkel) /Pw(sinh? 2kel+sin? 2koql). 


Since the absorption coefficient a is 
a=1—(Z,—Zo)?/(Zi1+Z5)? 


and we know the components of Z,; from the 
above equations, we may calculate the absorption 
coefficient for a set of materials of equal thick- 
ness (say 2.5 cm) and equal porosity (say 0.8) 
for different values of flow-resistance R and 
frequency f. The results are shown graphically 
in Fig. 1. 

1Dr. A. Gemant, Die Bedingungen fiir den giinstigsten 


Schallschlucker, Elektrische Nachrichten-Technik, 10, No. 
11, 446-450 (1933). 


DETERMINATION OF THE FLOW-RESISTANCE BY 
MEANS OF A CAPILLARY TUBE 


The capillary tube method for measuring the 
flow-resistance of paper was originally used by 
L. Emanueli.‘ The present experimental set-up, 
only slightly modified by the author, is due to 
A. Gemant,® who adapted Emanueli’s method to 


2 Notably from E. Wintergerst, H. Klupp, V. Kiihl and 
E. Meyer. : 

3See Dr. A. Gemant, Die Theorie der Schall-Insulation, 
Phys. Zeits. 87, Nos. 11 and 12, 

4L. Emanueli, High Voltage Cables, Chapman, London, 
1929, page 12. ; 

5 A. Gemant, Sitzungsberichte der Preussischen Akademie 
der Wissenschaften, Phys.-Math. Klasse 17 (1933). 
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Fic. 1. Curves showing the variation of the absorptivity with frequency of porous materials for 
different values of R and p. (In all cases, P =0.8, /=2.5 cm.) 
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Fic. 2. Apparatus used in measuring the flow-resistance coefficient of porous materials. 


the determination of the flow-resistance of 
acoustic materials. It is shown diagrammatically 
in Fig. 2. 

In Fig. 2, a represents the material which, by 
means of two thick rubber rings d’ and several 
bolts c, is held airtight between the metal disks g. 
The periphery of the circular material is waxed 
so as to prevent leakage, and the material itself 
is held parallel to disks g. The gauge d measures 
the difference in pressure between the two ends 
of the capillary 0, while e measures the difference 
in pressure on the two sides of the material. 
As he is usually only a few millimeters, the*tube 
was inclined to increase the sensitivity of the 
apparatus, which may further be sensitized by 
using alcohol in the gauges. The opening k and 





the small air-chamber 7 help to prevent fluctua- 
tions in the manometers d and e. The ratio of 
h, to he is equal to the ratio of the flow-resistance 
of the capillary tube to the flow-resistance of the 
material. Care should be taken to employ only 
very small pressures, as the following equations 
are good only as long as the flow of the air 
through the apparatus remains laminar. 

The flow-resistance of the capillary was de- 
termined by two methods, the first of which is 
based on the equation W=8Ly/r'r, where W is 
the flow-resistance of the capillary tube, L the 
length of the tube (14.7 cm in this case), yu 
the viscosity of air (1.8-10-), and 7 the radius 
of the capillary tube (7-10-? cm in this case). 
W therefore is 282 dyne-sec./cm’. 
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The second method consisted in measuring, 
at a certain pressure, the velocity of water 
through the capillary tube. The equation which 
gives W by this second method is W=)'u/ Vu’, 
where uy is the viscosity of the air, yu’ the viscosity 
of water (10-*), »’ the pressure (dynes), and 
where V, in cm*/sec. is the volume velocity of 
the water. 

The equation which Gemant gives for the 
flow-resistance of the material, and which 
he derives in the afore-mentioned paper, is 
R=PFpW/lp., where P is the porosity of the 
material, F the area of the material, p the 
pressure difference shown on e of Fig. 2, p,. the 
pressure difference shown on d of Fig. 2, and / the 
thickness of the material. If W is entered in 
the equation in dyne-sec./cm®, R is given in 
g/cm® sec., to which unit Gemant applies the 
term ohm. 

The Table I gives the flow-resistance for 
several porous materials. 


TABLE I. 








Flow- 
resistance 


Material coefficient 





Rockwool (P =0.8) 128 ohms 
“‘Temlok Acoustical Tile’’ Part A (P =0.7) 140 
“Temlok Acoustical Tile’ Part B (P =0.5) 1540 
“‘Rockoustile”’ 266 
“Thermotile” Type B 493 
“Red Top Insulating Tile” 500 








The determination of the flow-resistance of 
porous materials, as described by Gemant, 
should prove useful in the development of im- 
proved acoustical materials. 
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THE CASE OF 100 PERCENT ABsorPTiIon 





As before, for 


a=1—(Z,—Zo)?/(Zi1+Zo)? 
=1—[((212+Z2’ —Z,")? 
—4Z 1?Z 0? \/U(Zut+Zo)?+Z 2? ? (A) 
=1—[(2Zn-—Zo)?+Z 22? )/[(Zn 
: +Zo)?+Z 127], 


where Z;, and Zz are the real and imaginary 
components of Z,, (Zi=Ziu—iZi2), we must 
have 


Zi11=xk2(cosh 2kel+cos 2keql) (q sinh 2kol 
—sin 2keql)/Pw(sinh? 2kel+sin? 2koql), (B) 


Z 12= —xk2(cosh 2kel+cos 2gkel) (sinh 2kol 
+ q sin 2koql)/Pw(sinh? 2kel+sin? 2kegl). (C) 


If now, in Eq. (A), we set Z)2 equal to zero, 
and plot a, the absorption, against Z;;, we shall 
obtain the curve shown in Fig. 3. Inspection 
easily shows that the absorption coefficient will 
be 1 if 

Zu=Zo=41.5. 


Considering Eq. (C) we find that, in order 
that Zi. be zero, we must have 


sinh 2kel = —q sin 2k). 


In order, however, to be able to make a 
simplification in a later calculation, we must 
impose the condition 

cos 2gkel =0. 


If that condition is taken into consideration, 
we find that 
sinh 2kol = —(+)q. (D) 
This is possible only if 
2gkol = 2/2, 52/2, On 2°: 


or =3n/2, 77/2, 11%/2-->. 
As q is always positive, however, we can have 
only 
2gkel=3x/2, 77/2, 117/2:-- 
or l=3n/4qko:--. 


Substituting /=32/4gk2 in Eq. (D) and solving 
for g, we get 
q=2.7 
=ki/ke 
=[(1+(R/wp)*)'+1]}/ 
[(i+(R/pw)?)?—1]. () 
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Solving (E) for w in terms of R and p, we get 
for the only possible solution 


w=1.16R/p. (F) 
Moreover, since 
1=3n/4qke 
= 34, Ak, 


=32/w(p/2x)'[(1+(R/pw)*)!+1]} 


and since we are able to express w in terms of 
Rand p, we can also express / in terms of R and p 
only. Thus we get 


=2210Vp/R. (G) 


Let us now consider Eq. (B). If we let 
cos 2gkel be equal to zero, that equation becomes 
very much simplified. Indeed 


Zyn=xko(q sinh 2ke+1)/Pw cosh 2kol 
=xko(2.7 sinh (1.745) 
—1)/Pw cosh (1.745). 


If we solve the above equation for w, and set 
this w equal to the w of Eq. (F), we get the 
surprisingly simple equation 


p=Z1:°P2(0.53-10-°). (H) 


Thus, if we set Z1, equal to 41.5, we shall get, 
if P is set equal to 0.9 and we are considering a 
frequency of 1000 cycles per second: 


p = 0.00074, 
pu = 0.00074 X 5 = 0.0037, 
R=4.0 by Eg. (F), 
/=15 cm by Eq. (G), 


where py stands for the density of the material, 
and p, as before, for the mass of fiber which 
vibrates in one cubic centimeter. 

Fig. 4 shows what R must be to give 100 per- 
cent absorption for a frequency f if P is 0.9 and 
pis 0.00074. 

Fig. 5 shows what / must be to give 100 per- 
cent absorption for a frequency f if P is 0.9 and 
p 0.00074. 

It is difficult to say whether 100 percent 
absorption can be realized for every frequency. 
While it may be possible to pack cotton so 
loosely that its density becomes 0.0037g/cm', it 
is still another matter to obtain such a low flow- 
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resistance coefficient as, say, 4 ohms. Neverthe- 
less, the possibility exists. 

It should be noted here that Eq. (H) is good 
for any Zn, as read off the curve in Fig. 3. And 
Zi’s larger than 100 ohms certainly give values 
of p, R, and / which are more easily realized in 
practice. Thus a method for the “design” of 
acoustical materials is given. 

This work was begun while the author was 
still a graduate student at the University of 
California at Los Angeles. It was there that he 
performed the experiments which gave the data 
for Table I. He takes this opportunity to express 
his sincere appreciation to Dr. Vern O. Knudsen 
whose interest in the author’s work was of great 
value in the preparation of this paper. 
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Applied Acoustics. HARRY F. OLSEN AND FRANK 
Massa. Pp. 430. P. Blakiston’s Son and 
Company, Philadelphia. 


The advent of this reference and textbook is 
opportune. The application of theory in acoustic 
development is relatively new. The authors, 
after a combined ten years of experience in an 
industrial acoustic research laboratory, have 
presented those features of both theory and 
practice that they regard as most valuable 
guides to productive experimental work. Ob- 
viously, then, the book will be uniquely valuable 
in the encouragement of acoustic development. 
It will receive a particularly hearty welcome by 
all engaged in industrial acoustic research labora- 
tories. 

The adjective ‘‘applied’”’ in the book’s title 
does not prevent the presentation of theory in 
its proper role. For the text clearly shows that 
now we have arrived at a stage where theory 
can and actually does lead the way to successful 
practical achievement. Indeed, the inference is 
that the ability to use theory as a tool for 
investigation is a requirement of any leader in 
acoustic development. The correctness of this 
perspective will become more in evidence with 
future progress. 

The volume presents the theory of acoustic 
elements and systems of coupled elements, 
exemplified in pipes, tubes, slits, filters and 
horns. It describes fundamental acoustic meas- 
urements and current electrical apparatus for 
the acoustic laboratory. It discusses micro- 
phones, and their calibration, telephone re- 
ceivers, and loudspeakers and their testing. 
The volume is, for its purpose, satisfactorily 
complete. It is to be admitted, however, that 
the authors, in order to secure this complete- 
ness, have often been perhaps too brief in 
explanations. 

The authors are not unique in stressing the 
analogies between electrical and acoustic systems 
and thus taking advantage of solutions already 
known for certain differential equations. This 
seems to be common practice today. Admitting 
the advantage of the analogies, one must not 
lose sight of the fact that this expedient may 
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not be altogether a virtue. Such analogies haye 
in point of fact, hindered the progress of acoustic 
development in the past. The research worker 
will doubtless find it advantageous to be able 
to think in terms of acoustic elements as wel] 
as in terms of the elements of an electric circuit. 
The book does not go to an extreme in the use of 
analogies, but it is well to keep the foregoing 
point in mind. 

The excellence of this work in its broad lines 
should preclude the desirability of any con. 
sideration of minor details. Yet the reviewer 
desires to utilize the opportunity to raise a 
question as to the preference of ‘“‘acoustic”’ for 
“‘acoustical.”” The former word is shorter and 
experience has shown no advantage in the dis. 
tinction between the two adjectives, ‘‘electric” 
and ‘“‘electrical.’’ It is to be hoped that writers 
in acoustics will use but the one term ‘“‘acoustic.” 

In summary, Applied Acoustics is a distinctly 
valuable contribution to that acoustic literature 
which will be effective in the future development 
of acoustic applications. It makes readily avail- 
able the methods and tools of research, de- 
scribed by those who know from experience, and 
it gives an excellent selection of theory and recent 
developments. 

G. W. STEWART 
University of Iowa 


Loudspeakers. N. W. McLAcHLan, Oxford Uni- 
versity Press, 114 Fifth Ave., New York. 


This work is a comprehensive treatise on the 
theory, performance, design and testing of loud- 
speakers. It is divided into two parts, the first 
twelve chapters dealing with the theory, and the 
last eight chapters dealing with the more prac- 
tical work. It is so written that those unable to 
cope with the mathematics of the first part may 
use the second part to advantage. This arrange- 
ment has necessitated some repetition and has 
made the discourse illogical in some respects, 
but on the whole it is good. 

The first part deals with wave propagation and 
the characteristics of different radiating surfaces 
and horns. It includes also the theory of the 
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yarious electro-mechanical coupling arrange- 
ments, stressing of course the moving coil 
principle which is the most used at present. 
Chapters on sound waves of finite amplitude and 
on transients complete the first part of the book. 

The second part of the book applies the theory 
to the design and testing of loudspeakers. Details 
of design of the known types of speakers are 
worked out and some comparisons of their 
relative merits are given. Experimental data are 
presented for the various types. 
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Some 228 references to books and scientific 
papers are made. There are 385 pages and 165 
diagrams and photographs. So great a volume 
covering one device leaves the reader at sea in 
determining what is important and what is not. 
The worker in this field will, however, be able to 
find what he needs among the pages of this 
book. 

C. R. HANNA 
Westinghouse Research Laboratories, 
East Pittsburgh, Pa. 
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Program of the Twelfth Meeting 
of the 


Acoustical Society of America 


DECEMBER 28-29, 1934 


University of Pittsburgh, Pittsburgh, Pennsylvania 


FRIDAY, DECEMBER 28, 1934, 10:00 a.m., Room 203, THaw HALL 


1. Loudness of Unison Produced by a Number of Voices 
Each of Unit Loudness. JoHN REDFIELD, Fairfield, Con- 
necticut. 

It is recognized that the fundamental relationship 
between the loudness of a sound and the energy of the 
atmospheric disturbance producing the sensation of loud- 
ness is still in dispute; but it is believed that not all 
questions regarding loudness should be made to wait until 
this fundamental relationship has been agreeably estab- 
lished. The loudness of a unison, considered as a function of 
the number of voices constituting the unison, is of signal 
importance both economically and artistically in the 
production of music. Assuming that the loudness of a pure 
sound is proportional to the common logarithm of its 
intensity level, it follows by Rayleigh’s theory of the 
random incidence of voices each of unit intensity that 
L=1+0.7 log n, where L is the loudness of the unison and 
n the number of voices of equal loudness entering the 
unison. As concrete applications of this formula, it follows 
that two voices are only 21 percent louder than one, three 
voices but a third louder than one, the loudness contributed 
by the sixth voice is imperceptible to the ear, and twenty- 
seven voices are needed to double the loudness of a single 
voice. 


2. Static and Dynamic Demonstrations of Harmonic 
Curves in Two and in Three Dimensions. Witt C. Dopp, 
Miami University, Oxford, Ohio. 

Motor-driven vibrators combine simple harmonic mo- 
tions in such a way as to show the complete family of 
Lissajous’ curves on the screen. Addition of a third motion 
renders three dimensional harmonic figures visible as 
skew curves in space. These figures exhibit multiple phase 
changes. Mathematical properties are mentioned. Behavior 
characteristics of synchronous motors are demonstrated by 
means of the skew curves. The possibility of a simple, 
direct laboratory measurement of power factor is indicated. 


3. The Transverse Vibrations of Membranes and Plates. 
R. C. CoLWELL, West Virginia University. 

The differential equation for a circular membrane takes 
the form 


we 4 (= loz 1 =) 
=¢*| — 5 Seer tis 
at? 





or? ror rae 


The solution for the nodal lines is given by the equation 
z=J,(kr) cosn0=0. This gives a series of circles and 
diameters. However, when circular membranes are vibrated 
with a valve oscillator, many other symmetrical figures 
appear. These must be combinations of nodal lines which 
are not given by the equation above. Thus the most general 
solution for a circular membrane is still to be found, 
Chladni plates are usually about ten inches in diameter and 
it is rather difficult to vibrate them at high frequencies 
with a violin bow; but with the valve oscillator they may be 
vibrated at frequencies up to fifteen kilocycles. It is also 
possible to vibrate small plates one inch in diameter at 
fifty kilocycles, which is above the audible range. Photo- 
graphic reproductions of some nodal figures will be shown, 


4. The Transmission of Sound Through Sea Water. 
HERBERT GROVE Dorsey, U. S. Coast and Geodetic Survey. 

During the past year experiments have been made by 
the U. S. Coast and Geodetic Survey to determine the 
horizontal path of sound through sea water and valuable 
information has been obtained. Two ships on the Pacific 
Coast operated in depths of about 1000 fathoms and many 
oscillograph and chronograph records were made of small 
bombs fired near the surface and to depths of 600 fathoms, 
with distances from 16 to 48 km between ships. On the 
Atlantic Coast two ships experimented first with both in 
depths of 1450 fathoms, and again with one ship stationed 
at 793 fathoms while the other steamed towards shore. In 
each case bombs were fired frequently at first and then less 
often until about 30 kilometers distant when a depth of 46 
fathoms was reached. Time intervals were measured by a 
chronograph. In general, it seems that up to certain dis- 
tances the bomb signal may be received by a direct path 
from the bomb to the hydrophone and by one or more 
reflections from the bottom and surface. Calculations from 
records show that in some cases there were as many as 28 
reflections from the bottom and 27 from the surface. 
Refraction of sound is very evident, often causing the 
direct sound to be bent to the bottom so that no direct 
sound is received, 
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FRIDAY, DECEMBER 28, 1934, 2:00 p.m., Room 203, THaw HALL 
SYMPOSIUM ON NOISE MEASUREMENT 


5, A Loudness Scale for Industrial Noise Measurements. 
p. G. CHURCHER, Metropolitan Vickers Co., England. 

Both on technical grounds and from experience in 
industrial noise measurements, it is recognised that the 
decibel scale, used as a loudness scale, does not yield 
numerical values proportional to the loudness sensation. 
In many spheres of work this occasions great incon- 
venience and there is need for an agreed rule for converting 
the decibel observations of practical noise measurements 
into loudness values on a linear loudness scale. A survey 
has therefore been made of published data with a view 
to deducing the most probable law for the relation between 
stimulus and sensation for a 1000 cycle pure tone. Re- 
lations derived from mental estimates of loudness, from 
data on monaural-binaural listening and from data on the 
properties of tone combinations are discussed. The evidence 
indicates that not only does the nerve-impulse theory of 
audition provide an explanation of the faculty of making 
mental estimates of relative loudness and of the monaural- 
binaural listening phenomena, but that stimulus-sensation 
relations deduced by the two methods are in substantial 
quantitative agreement. On theoretical grounds it is not 
thought that tone combination data are admissible for this 
purpose and an important divergence between these and 
monaural-binaural data appears to exist. Consequently the 
suggested relation put forward (Proposed Standards for 
Noise Measurement, J.A.S.A. 5, 109 (1933)) is not felt to be 
the most probable law. For the final relation derived in the 
present paper from the available data, the number 100 is 
assigned to the loudness evoked by an intensity of 100 db 
above 0.0002 dyne per sq. cm reference pressure. For 
practical industrial noise measurements, the relation is 
expressed sufficiently nearly by a simple power law 
between the limits of 30 and 115 db. Over this range, the 
loudness L is given by L=d*>X 107%, where d is the number 
of decibels above reference pressure. In addition to its being 
more in conformity with introspective judgments of rela- 
tive loudness, this simple rule is thought to be preferable to 
the suggested curve because it is easily remembered, 
accurately definable and easily used with the aid of a slide 
rule. 


6. On the Use of Sound Measurements in Machinery 
Noise Reduction. E. J. Aspott, University of Michigan. 

Noise has long been an important problem in many 
kinds of machinery but the use of sound measurements in 
dealing with it has not been very extensive. Engineers 
generally seem to regard machinery noise as one of those 
things which does not follow the rules of logic and common 
sense and, in a number of cases, attempts to use noise 
meters have increased rather than diminished this feeling. 
The difficulty seems to be that here is a new and compli- 


cated field in which the fundamentals are rather unusual, 
somewhat complicated, and not generally recognized. Asa 
result, engineers do not know what can be expected from 
sound measurements, and quieting experiments are often 
illogically planned or improperly interpreted. On the other 
hand, experience has proved that even the most compli- 
cated noise problems can be untangled and cleared up with 
sound measurements which definitely indicate methods of 
noise reduction. Often quieting can be obtained with little 
or no increase in cost of production, in ways which were 
not at all apparent at the outset. Several practical noise 
problems are outlined, together with their difficulties and 
methods of solution. 


7. Loudness and Intensity Comparisons. L. B. Ham, 
University of Arkansas. 

Ina recent paper by Mr. Parkinson and myself (Loudness 
and Intensity Relations, J.A.S.A. 3, 511-534 (1932)), a 
series of experiments were described concerning the 
comparison of the loudness of one tone with a fixed tone 
of the same frequency characteristics. The present series of 
experiments are similar except being confined mostly to low 
tones between 60 and 500 cycles per second. Present 
experiments carried out with the same frequencies and 
under similar experimental conditions as the former series 
yielded similar results. In the very low frequencies, the 
value of m obtained for the equation used in the former 
series is larger, which means that the decibel intervals for 
corresponding loudnesses are smaller. Certain experimental 
factors, however, have appeared in the present experiments 
that did not appear in the previously published data due, 
in part apparently, to differences in experimental technique. 
We did not find any noticeable effects in the very few 
experiments tried in the previous series on interchanging 
the order of the energy decreases. Interchanging the order 
of energy changes has been tried in the present series. 


8. Fog Signals. V. L. CurisLer, National Bureau of 
Standards. 

Measurements have recently been made in cooperation 
with the Lighthouse Service on a number of different types 
of fog signals at Cape Henry. These measurements indicate 
that air borne sounds, as now produced, will never give 
adequate protection to shipping. A large number of obser- 
vations were made by a number of observers on relative 
loudness of different types of signals. The relative loudness 
was also determined by matching with a Western Electric 
2 A Audiometer. Making use of the curve worked out by 
Fletcher relating loudness to loudness level in decibels, 
the loudness level as determined with the aid of the 
audiometer has been converted into loudness and compared 
with the average value obtained by the various observers. 
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9. Response Measurement and Harmonic Analysis of 
Violin Tones. R. B. ABBott, Purdue University. 

Output intensity measurements and harmonic analyses 
were made on the open strings of a series of twenty-one 
violins ranging in price from $25 to $10,000 each. To secure 
standardized conditions, a mechanical bowing device was 
used, and the pressure, speed, and relative position of the 
bow maintained constant. A crystal harmonic analyzer, 
operating synchronously with an automatic level recorder, 
furnished a graphical record of the desired tone structures. 
The measured responses, tone centers, and tone structure 
factors were plotted against the retail prices of the violins 
and correlations found to exist. 


10. Quantitative Study of the Singing Voice. S. K. 
Wotr, D. STANLEY AND W. J. SETTE, Electrical Research 
Products, Inc. 

The field of singing has been handicapped by the lack 
of suitable quantitative means for simply evaluating the 
various voice factors. With the aid of recently developed 
acoustic instruments, the authors have investigated the 
physical characteristics of vocal tones, including power as 
a function of pitch, attack, quality, and vibrato. Measure- 
ments have been made and repeated on more than fifty 
singers in various stages of development. On the basis of 
the results, it is possible to evaluate and criticize a singer’s 
technical equipment, and determine by periodic tests 
whether the voice is improving or deteriorating. 


11. A Simple and Precise Standard of Frequency and 
Musical Pitch. Horatio W. Lamson, General Radio 
Company. 

A new design of electrically driven tuning fork is loaded 
symmetrically by a pair of microphone buttons and 
energized by a small dry battery. One of these microphones 
drives the fork at a constant amplitude and frequency 
while the other supplies an alternating current quite free 
from harmonics. By careful design, minimum damping 
of the fork is secured. The use of steel of low temperature 
coefficient permits this fork to be adjusted and maintained 
at its rated pitch with a precision of one part in 10,000 or 
0.01 percent. The device may be made compact, rugged 


and easily portable. By stroboscopic methods, all Pitches 
of the musical scale may be measured in terms of such a 
tuning fork standard. 


12. What is Measured in Sound Absorption Measure. 
ments? PAuL E. SABINE, Riverbank Laboratories. 

Experimental work in various laboratories has shown 
that in the application of the reverberation theory to the 
measurement of sound absorption coefficients, certain of 
the fundamental assumptions of the theory are not realized 
and perhaps cannot be realized in practice. This paper js 
an attempt at a critical analysis of the points at which 
theory and practice diverge. What is sought as the ab. 
sorption coefficient at a given frequency of a given material 
is a numerical value which, when applied in the reverbera- 
tion formula, will give the effect on the rate of decay 
produced in any room by any area of that material, In 
small rooms, due to diffraction, with small test samples 
the equivalent absorption per unit area increases as the 
test sample area decreases, whereas with large areas 
localized on one surface the decibel rate of decay tends 
not to be linear. Both effects are functions of the ab. 
sorptivity of the material and possibly of the wavelength 
of the sound. Various proposed methods looking to the 
standardization of the results of measurement in different 
reverberation chambers are considered. 


13. Influence of Experimental Technique on the 
Measurement of Differential Intensity Sensitivity. H. C. 
Montcome_ery, Bell Telephone Laboratories, New York. 

The lack of agreement among previous measurements 
of differential intensity sensitivity indicates that the 
values obtained depend to a large extent on the experi- 
mental conditions. An attempt was made to assess the 
importance of various factors and to discover the conditions 
which would lead to the smallest values of differential 
intensity sensitivity. The values thus obtained were of the 
order of 0.1 db at high levels above threshold, and were 
consistently smaller than any previously reported. Certain 
psychological aspects of the measurements are considered, 
and it is suggested that the observer’s response is essentially 
variable, and should be measured by statistical means. 


SATURDAY, DECEMBER 29, 1934, 2:00 p.m., Room 302, THAaw HALL 
JOINT MEETING WITH AMERICAN PHYSICAL SOCIETY 


14. The Electrical Phenomena of the Cochlea and the 
Auditory Nerve. HaLLtoweLtt Davis, Department of 
Physiology, Harvard Medical School. 

The electrical phenomena of the ear and of the auditory 
nerve are described. One component of the electrical 
disturbance is generated by the sensory cells of the organ 
of Corti and reflects accurately the fluctuations of me- 
chanical pressure which they undergo. The other represents 


the action potentials associated with the nerve impulses in 
the auditory nerve. Recent work, particularly that carried 
on at the Harvard Medical School, is summarized and the 
following conclusions are drawn: Nerve impulses appear 
synchronized with the stimulating sound waves up to af 
extreme limit of 4000 per second, but the correspondence 
is fortuitous, depending simply on the _ intermittent 
character of the stimulus and on the nature of nerve 
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impulses, and it plays no part in the perception of pitch. 
Stimulation is associated with outward, but not with 
inward, movement of the tympanum. The basilar mem- 
brane is progressively “tuned” from end to end, resonating 
at its basal end to high tones and at its apical end to low 


tones, and thus serves as a harmonic analyzer. The’ 


sensation of pitch depends upon which group of nerve 
fibers is activated and not upon their frequency of dis- 
charge. Loudness depends upon the total number of nerve 
fibers activated and not upon the total number of impulses 
per second traveling to the brain. Masking does not 
appear in the electrical response of the cochlea, but is 
present in the response of the auditory nerve and depénds 
ultimately on the necessity of a recovery period following 
the passage of each nerve impulse. Masking is modified 
by changes in the phase relations of the competing stimuli. 


15. The Absorption of Sound in Gases. VERN O. 
KnxupsEN, University of California at Los Angeles. 

Several investigators have shown recently that if the 
changes in the internal energy of a gas take place so 
slowly that they cannot follow the adiabatic changes 
which result when a sound wave passes through the gas, 
sound dispersion and anomalous absorption of observable 
magnitudes occur. Experimentally, it is found that the 
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absorption in the air, for example, not only depends upon 
temperature and humidity in a characteristic manner, 
unsuspected by classical theory, but at frequencies above 
1000 cycles is so great as to require consideration in such 
technical problems as architectural acoustics and sound 
signaling. The findings are in good agreement with the 
new theory. The presence of small impurities (less than 
one percent) in gases may change the speed of sound at 
certain frequencies as much as several percent and the 
absorption coefficient as much as several hundred percent. 
Absorption measurements for frequencies between 1000 
and 40,000 cycles in O2 containing small impurities of He, 
He, H.0, H:2S, NHs3, CO, COs, O3, C2He, or one of many 
other hydrocarbons throw light on the nature of molecular 
collisions. A new device is thus available for studies in 
molecular physics, and acoustics has become a potent 
ally of the quantum theory. 


16. Recent Developments in Acoustical Measuring 
Instruments. E. C. WENTE, Bell Telephone Laboratories. 

In this paper various acoustical instruments that have 
been developed in recent years will be discussed. A critical 
study will be presented of their limitations and their 
fields of application. 































